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The Measurement of Altitude and Inclination of Aircraft by the Echo Method* 


L. P. Detsasso, University of California at Los Angeles and the California Institute of Technology 


(Received May 28, 1934) 


HE time of transit of a sound pulse from a 
moving ship to a reflecting surface and 
back to the ship has been used by several 
investigators to measure altitude.' The first part 
of the present paper calls attention to the use of 
the Doppler effect to measure also the angle of 
inclination of the ship relative to the reflecting 
surface. The second part deals with the cor- 
rections introduced into the measurement of 
altitude by the velocity of the ship, its inclination 
with the reflecting surface and the temperature. 
The third considers some of the practical 
difficulties encountered in the application of the 
above theory, in particular with the measurement 
of sound spectra of typical aircraft in flight and 
the selection of a source of sound that can be 
filtered through the ship’s noise upon returning as 
an echo from a reflecting surface. The fourth 
reports one way of overcoming these difficulties 
and gives the details of an experimental alti- 
meter, together with the results of some pre- 
liminary field tests. 





* This work was made possible by a donation from the 
Guggenheim Fund for the Promotion of Aeronautics. 
' Behm, Sci. Am. 136, 418-419 (1927). 
C. W. Rice, Aeronautical Engineering 4, (2), 61-77. 
P. Léglise L’eronautique, No. 169, 128-133 (June, 
1933); No. 170, 160-170 (July, 1933). 


THE Dopp_LerR EFFECT APPLIED TO THE MEAS- 
UREMENT OF THE INCLINATION OF AIRCRAFT 


The time of transit of a sound pulse from a 
moving ship to a reflecting surface and back as an 
echo may be used to measure the distance to the 
reflecting surface. A comparison of the pitch of 
the echo and that of the emitted sound taken 
together with the air speed of the ship makes it 
possible to calculate also the angle of inclination 
of the ship with the reflecting surface. The 
complete treatment of the problem of sound 
emitted on a moving ship and received again 
after reflection from an absorptive surface, 
presents many theoretical difficulties. An ap- 
proximate solution of the problem may, however, 
be obtained by assuming specular reflection and 
neglecting the ship’s size. 

Take as an example a ship moving through 
still air with a velocity v and making an angle a 
with the reflecting surface. Fig. 1 shows the 
geometry of this situation. If the velocity of 
sound in air is C we may write for the ratio 


C/v=p. (1) 


If a short pulse of sound of frequency 1, is 
transmitted from the ship at a particular instant 
and received at the ship one second later we may 
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write for the distance the plane travels d=v and 
for the total distance the sound travels s = C. The 
component of the velocity of the ship in the 
direction AO would be 


v1,=v cos 6. (2) 


The wave-length of the sound proceeding in this 
direction would be given by 


hi = (C—v;)/n,=(C—v cos 0) /ns. (3) 
The frequency received by an observer at O 
would then be 


no= C/dy=n,C/(C—v cos 8). (4) 


Upon arrival at the point B the ship would be 
moving relative to the point O with a velocity 
component given by 


Ve= —V COS ¢. (5) 


The number of waves received per second would 
be given by 


Nr=N(C+v2)/C=n(C—vcos¢)/C. (6) 
The net result of these two effects is given by 
Nr=n,(p—cos ¢)/(p—cos 8). (7) 


We may now obtain mz in terms of p and a by 


A= ANGLE BETWEEN THE 
COURSE OF THE PLANE 
ANO THE GROUND 


t= f+a 
— oo 
“7 


Cos & = -SIN& 
Cosé= +Sinad 
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considering the geometry of a typical reflection. 
From Fig. 1 we obtain, by applying the cosine 
law twice, 


C?= D?+v?—2Dv cos vy, (8) 

D* = C?+v? —2Cv cos 6. (9) 
Eliminating D between Eqs. (8) and (9), and 
substituting cos y = —sin @ gives 


v?—2Cv cos 6+? 
+2 sin a(C?+v?—2Cv cos 6)? =0. 


Dividing by C? and substituting p= C/v results in 
cos? §6— (2/p)(1—sin? a) cos 0 


+(1/p?)(1—sin? a)—sin?a=0. (10) 
The solution of Eq. (10) for cos @ is then 
cos §= (cos? a-+tsin a(p?—cos? a))/p. (11) 


Similarly 
cos ¢= (cos? atsin a(p?—cos® a)*)/p. (12) 


If now we substitute Eqs. (11) and (12) in (7) we 
obtain 


p?—cos? a+sin a(p?—cos? a)! 





NR=Ns (13) 


p?—cos? a—sin a(p?—cos? a)! 


The + sign in the numerator preceding sin a and 
the — sign in the denominator preceding sin a 
are used since for + values of a, mr >. 

If now we set n=npr/n, we may reduce Eq. (13) 
to the polar equation 


n?(2n(p?—cos 2a))/(p?-—1)+1=0. (14) 


Eq. (14) agrees well with the following polar 
equation for a circle for large values of f, 
namely 
n?—Anp sin a/(p?—1)—1=0. 

A polar graph for this equation for p=7.5, 
v=100 mi./hr. is shown in Fig. 2. The center is 
given by a= 2p/(p?—1) and the radius is given by 
R=(p?+1)/(p?—1). Plotting n}=8 instead of n 
gives? 


64—26?(p? -—1+2 sin? a)/(p?—1)+1=0, 
which reduces to 
26 sin a 


——— 





2 This procedure was suggested by W. M. Whyburn of the 
Department of Mathematics at the University of California 
at Los Angeles. 
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VELOCITY OF PLANE 100 ™./HA. 
VELOCITY OF SOUND 1100 FT/SEC. 


EcHo SOUNDING AIRCRAFT 
DopPLeR EFFECT 
RECEIVED FREQUENCY IN TERMS OF TRANSMITTED FREQUENCY 


1.30 1.00 o70 A490 0.10 











The polar equation for a circle with its center a 
distance a from the origin and having a radius r is 


6? — 28a sin a=r?—a’. 


Since in this case for a=0, n=1, r?—a?=1 so 
we may write 


6? — 26a sin a—1=0. 
We now identify the shift of the center as 
a=1/(p?—1)! 
and the radius as 


P—1/(p?-1)=1 or r=p/(p?—1)}. 


This is true for any value of » and provides a 
rapid graphical method of obtaining the change 
in pitch in terms of p and a. 

An experimental check on this effect was 
obtained in the Goodyear Airship Volunteer. 
The source of sound was provided by a standard 
horn loudspeaker driven through a two-stage 
power amplifier from an oscillator. The echo was 
picked up with a dynamic microphone and 
amplified by a three-stage amplifier. A switching 
device made it possible to record on an oscillo- 
graph a sample of the outgoing sound and after a 
short time interval a sample of the echo. An 
electrically driven fork in the oscillograph traced 
a 50~ time line on the film. The ratio of the 
received to the transmitted frequencies was found 


TT RRS ETT] 
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by counting the number of waves due to the 
echo in a given time interval and comparing this 
number with that obtained from the source in an 
equal time interval. Two sets of observations 
were made, one when the ship was being driven 
55 mi./hr. downward at an angle of 10° into a 
slight wind and second when the ship was headed 
upward 10° into the same wind at the same speed. 
The ship was slightly light. The experimental and 
theoretical values obtained are given in Table I. 








TABLE I. 
n n 

a (Calc.) (Exp.) 
+10° 1.025 1.028 
+10° 1.025 } Av. 1.025 
+10° 1.022 
—10° 0.976 0.963 
—10° .968 + Av. 0.965 
—10° .965 








The good agreement on approaching the ground 
seems to indicate that the top wind compensated 
for the slight excess buoyancy and that the ship 
was actually travelling a downward course of 10°. 
The lack of agreement on receding from the 
ground can be similarly explained. In this case 
the ship was headed up at an angle of 10° but 
because of the buoyant effect and the bottom 
wind, was actually climbing at a somewhat 
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steeper angle. If we assume the theory to be 
correct the difference would be accounted for if 
the ship headed upward at an angle of 14°. This 
seems entirely reasonable. Although the experi- 
ments were confined to angles of 10° the results 
show that the effect can be used to indicate to a 
pilot the attitude of the ship relative to the 
ground. 


ALTITUDE CORRECTION FOR THE SPEED OF A 
SHIP, THE ANGLE IT MAKES WITH A 
REFLECTING SURFACE, AND THE 
TEMPERATURE 


The distance of the ship from a reflecting 
surface may be obtained from Fig. 1 where it was 
shown that 

D? = C*?+v*—2Cv cos 0 (9) 
and 
(11) 
Eliminating cos @ between these two equations 
gives 


D=+0{p?+1—2 cos? a+2 sin a(p?—cos? a)!}}. 


cos = (cos? atsin a(p?—cos? a)*)/p. 


If now the meter is calibrated to read correctly 
when a=0, and calling this value of D, Do we 
have Do= +v(p?—1)}. We may now calculate a 
correction factor for Do to obtain D so that 
D .K =D, giving 


i —2 cos? a+2 sin a(p?—cos? a)? 
= 
The value of K with the — sign in (15) gives the 


ie 


correction for the meter reading in order to 
obtain D; with the + sign it gives the correction 
factor in order to obtain C. The mean distance to 
the reflecting surface during the transit of the 
sound pulse is (D+(C)/2. The average of these 
two values of K then gives the correction factor 
by which to multiply the meter reading in order 
to obtain the mean distance during the transit 
of a sound pulse. 

This correction factor has been plotted for air 
speeds of 100 and 300 miles an hour in Fig. 3. 
From these considerations we see that for even 
the highest cruising speed used at present, an 
acoustic altimeter will read very nearly the mean 
distance a ship is from the reflecting surface 
during the transit of a sound pulse, although for 
large values of v and a@ the distance when the 
pulse is transmitted or received may be quite 
different. 

The correction for air speed and temperature 
for some constant value of a, say a=0, can be 
obtained from Eg. (15), since both of these 
factors affect p=C/v. The net correction for the 
air speed and temperature has been plotted in 
Fig. 4. It is assumed that the altimeter reads 
correctly at a=0, v=0 (air speed=0) and 
temperature = 20°C. In practice a meter would 
be calibrated at the cruising speed of the ship. 
The corrections for variable air speeds and 
temperature above and below the calibrated 
values are, in general, small but can be made 
easily by changing the speed of the timing device. 
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ALTITUDE AND 

It must be pointed out, in concluding this 
section, that for a given course of a ship, the 
Doppler effect determines only the angle the 
course makes with the reflecting surface and the 
time of transit of a sound pulse determines only 
the distance to that surface. The surface may be 
tangent anywhere around an ellipsoid of revolu- 
tion having a major axis along the ship’s course 
equal to the distance the sound pulse travels, and 
an eccentricity e given by e=v/C. 

A change in the course of a ship, however, 
should show, upon turning away from the re- 
flecting surface, a decrease in the pitch of the 
echo and an increase in the distance; or, upon 
turning toward the reflecting surface, the reverse, 
an increase in the pitch of the echo and a decrease 
in the distance. Thus a decrease in the altimeter 
reading and a rise in pitch of the echo both serve 
as warnings of approaching danger. 


PRACTICAL DIFFICULTIES IN THE APPLICATION 
OF THE THEORY 


It is at once apparent that there are many 
practical difficulties in the application of the 
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foregoing theory. These may be classified as 
follows: (a) the detection of a relatively weak 
echo in the presence of the noise of the ship 
itself; (b) the absorption of sound by the air 
(including the effect of turbulence); (c) the 
absorption of sound at the reflecting surface. At 
the beginning of the experimental work, it was 
obvious that in order to be able to detect a weak 
echo through the background of a ship’s noise, it 
would be necessary to investigate in considerable 
detail the sound emitted by typical aircraft in 
flight. In order to accomplish this purpose, it 
became necessary to design a portable analyzer 
that could be used under these conditions. This 
instrument operates essentially as follows. 

The complex sound produced by a ship is 
converted into potential fluctuations by a 
microphone and high quality amplifier. The 
output of the amplifier is applied to a modified 
quadrant electrometer, the needle of which 
forms part of a sharply resonant mechanical 
system. The natural period of this system is made 
continuously variable by a tri-filar suspension. A 
micrometer makes it possible to tune the 
mechanical system to each of the components of 
the complex sound. The amplitude of the 
components is observed on a transparent scale by 
the spreading of the image of a straight filament 
lamp, while the frequencies of the components 
are obtained from the micrometer readings. 
Further mechanical and electrical details may be 
obtained from the original paper.’ The intensity 
of the sound components was obtained by a 
subsequent calibration in the laboratory. The 
method used to accomplish this is a modification 
of a method due to Gerlach* in which the 
variable pressure developed by the sound wave is 
opposed by a variable electrodynamic force of the 
same frequency and opposite phase. The details 
of the apparatus are shown in Fig. 5. The sound 
wave falls on a light circular metal disk, D in 
Fig. 5, which is attached to the coil of a dynamic 
loudspeaker and suspended in the face of a 
heavy guard ring by three fine steel wires. 
Attached to the back of the disk is a carbon 
microphone unit. This button is connected 


3L. P. Delsasso, A New Acoustic Analyzer, J. Acous. Soc. 
Am. 3, 167-178 (1931). 
* Wiss. Veréfft. d. Siemens-Konzern, p. 139 (1923). 
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through an amplifier to a detector and serves to 
indicate the adjustment at which the disk is 
motionless. In practice, the analyzer itself is used 
as a vibration electrometer to indicate zero 
motion of the disk. The sound that is to be 
measured is impressed on one side of the disk, 
while current of the same frequency as the sound 
is sent through the coil attached to the disk. The 
amplitude of the current through the coil can be 
varied by the resistance R; and the phase of the 
current, relative to that of the sound, can be 
varied by the combination of capacitance and 
resistance C and Ro». In order to measure the 
intensity of a sound these two factors are 
adjusted until the disk stands motionless under 
the joint action of the force due to the sound and 
the force due to the current. The constant of the 
instrument was obtained by passing direct 
currents through the coil and measuring the 
mechanical force required to restore the disk to 
its equilibrium position. If this value of force is f 
dynes, the corresponding current Jo, in amperes 
and A the area of the disk, the constant of the 
instrument is given by k=f/AJo dynes/cm? amp. 
The effective sound pressure under the conditions 
of balance is then given by P=A/, where I is the 
effective alternating current in amperes required 
to produce the balance. The device thus permits 
the measurement of sound intensity by using the 
relation J= P?/pC, where p is the density of the 
medium and C the velocity of sound. 
Observations were made in typical aircraft 


while in flight with the analyzer. The instrument 
was suspended by long rubber shock cords from a 
convenient support in the cabin of the ship and 
the microphone similarly suspended in the sound 
field to be analyzed. The amplitude of vibration 
of the beam of light and the micrometer reading 
for observed frequency components were re- 
corded. In most cases it was found necessary to 
repeat the observation many times in order to 
obtain a good average since the speed of a ship’s 
motor is rarely absolutely constant. 

Upon returning to the laboratory, the analyzer- 
microphone was sealed in a hole of the guard 
plate as shown in Fig. 5 and the loudspeaker cone 
clamped over it. The frequencies of the sound 
components were next obtained from the fre- 
quency calibration curve of the analyzer.’ The 
intensity of each component was obtained in two 
ways. First, current of the frequency of a 
particular component was sent through the loud- 
speaker and adjusted until the amplitude of 
vibration of the analyzer was the same as that 
found in the ship. Since other factors remained 
constant the intensity of the sound striking the 
microphone was assumed equal to the intensity 
of that component of the ship’s sound. Without 
altering the input to the loudspeaker it was then 
transferred to the second position on the guard 
plate shown in Fig. 5 and the sound intensity 
measured as previously described by the null 
method. A second, although not an absolute 
method of measuring this intensity, was also 


wom i UT 


MICROPHONE 


| FILTER _ 
! ! \ 
| | \ 
| 


. L 


TO ANALYZER 


| 
l 
| 
! 
| 
| 
| 
! 
| 
l 
| 
| 
| 
\ 
! 
| TO OSCILLATOR ao 





TO ANALYZER 


Fic. 5. 


al 


wl 
an 
in’ 
th 
(1 
sp 


to 

pa 
ha 
the 


S10 


nt 
la 
nd 
nd 
ion 
ing 
re- 
’ to 
' to 
ip’s 


zer- 
ard 
one 
und 
fre- 
The 
two 
fia 
oud- 
e of 
that 
ined 
x the 
nsity 
thout 
then 
ruard 
nsity 
> null 
solute 
; also 


ALTITUDE AND 
MULTIPLES OF RPS. 
' 2 38 4 5 o 867 


159 


B 


uo 


watts /em*™ 


-16 


10 


7 


INTENSITY LEVEL 


OB. ABOVE REFERENCE INTENSITY 


2 


INCLINATION OF 


AIRCRAFT 7 


9 19 uu 12 ‘3 14 15 16 


FREQUENCY IN ov/see. 
FOKKER MONOPLANE F-32 


PILOTS COMPARTMENT WINDOWS OPEN 


Fic. 


used. The microphone in the first position was 
removed and the ear of an observer substituted in 
its place, care being taken to obtain a tight seal 
about the ear. The current through the loud- 
speaker was then reduced to the threshold of 
hearing. A linear relation between the current 
through the loudspeaker and the sound pressure 
was assumed and the intensity of the sound 
component above the threshold of hearing at 
that particular frequency was calculated in the 
usual manner from the expression 


Intensity difference in db= 20 logio 7/io, 


where 7 is the original current through the speaker 
and io the current that produced the threshold 
intensity. By the use of Fletcher’s threshold data 
the intensity level above the reference intensity 
(10-"* watt/cm?) was obtained. A typical sound 
spectrum is shown in Fig. 6. The most intense 
component is seen to have a frequency just equal 
to the number of blades of the propeller passing a 
particular point per second. In addition, many 
harmonics are observed. With one exception 
these may be classified by the following expres- 
sion 2,=1NS, where | is the number of blades in 


— 2 BLADED PROPELLER 
6. 


the propeller, NV is the speed of the propeller in 
revolutions per second, S is the order of the 
harmonic (one for the fundamental, etc.). 

In addition to the above harmonics, a com- 
ponent having a frequency just equal to N is 
always observed when measurements are made in 
the ship itself. This is believed to be due to the 
vibration of the ship as a whole because of 
motor and propeller unbalance. With this one 
exception, the frequency of the components 
observed in a ship in flight agrees with observa- 
tions made by Obata and Yoshida’ on the ground 
of sound produced by planes passing overhead, 
after correction for the Doppler effect had been 
made. The intensity distribution is naturally 
different. Fig. 6 may be taken as representative 
of the sound spectra of ships in flight. The 
intensity of the components is seen to decrease 
for the higher frequencies in the range observed. 
Although a complete analysis has not been made 
above 500 cycles a second, other experiments 
indicate that with the exception of high pitched 


5 Report of the Aeronautical Research Institute, Tokyo 
Imperial University, Vol. 6, No. 59 (March, 1930). 
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sounds produced by. vibrating wires or the 
aeolian sounds from small structural parts, the 
energy continues to decrease as we go to higher 
frequencies. It is at once apparent, from the 
results of the above survey, that the selection of a 
suitable pitch for the source of an acoustic 
altimeter must be restricted to frequencies above 
the intense component of the engine and propeller 
noise, if a relatively weak echo is to be filtered 
out. 

Another factor of great importance in the 
selection of a suitable pitch, is the attenuation of 
the sound as it passes through the atmosphere. 
The experimental work of Knudsen* has shown 
the absorption of sound in the audible range to be 
several times that predicted by the classical 
theory involving only the viscosity and heat 
conduction. The absorption coefficient increases 
rapidly with the frequency. This effect by itself 
would indicate that the frequency should be 
chosen as low as possible in order to reduce to a 
minimum the medium absorption. In addition to 
the above effects, the intensity of the echo is 
greatly influenced by the turbulence of the 
atmosphere. Little experimental work has as yet 
been done on this effect but such data as are 
available indicate it to be of considerable 
magnitude. 

An attempt was made on the campus of the 
University to measure the variation of absorption 
with weather conditions. A loudspeaker with an 
exponential horn was located in one window on 
the third floor of a building facing the flat brick 
wall of another 350 feet away. A parabolic horn 
and an electrodynamic microphone were located 
in an adjacent window. The same oscillator and 
amplifier arrangement as was used in the Doppler 
effect experiment made it possible to send out a 
short pulse of sound and record the echo on an 
oscillograph. Observations were made only late 
at night or early in the morning when the air was 
quite still. The intensity of the outgoing sound 
was maintained constant and records taken at 
frequencies ranging from 100 cycles per second to 
4000 cycles per second. It was at once apparent, 
after a very few readings had been taken, that 
turbulence, even in relatively still air, plays an 


6V. O. Knudsen, The Absorption of Sound in Air, in 
Oxygen, and in Nitrogen, J. Acous. Soc. Am. 5, 112-122 
(1933). 
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important part in the scattering of sound. One 
echo was found to differ from another by as 
much as 50 percent even when they were taken 
only a few seconds apart. The wind velocity 
during these preliminary experiments was well 
below half a mile an hour. The average results of 
observations taken at different relative humidi- 
ties agree reasonably well with those of Knudsen 
in the range 20 to 100 percent relative humidity. 
The absorption decreased as the humidity in- 
creased. A series of readings taken in a very 
heavy rain showed the absorption to be no 
greater than for 20 percent relative humidity for 
any frequency. 

A second series of readings was taken with the 
loudspeaker horn located at one corner of the 
building on the roof. The parabolic horn was 
mounted on top of an automobile and arranged 
so that it could be directed at the horn on the 
roof. The recording equipment was placed inside 
the automobile. Observations were made only on 
the maximum intensity of the sound over a 
period of time, for a fixed intensity of the source 
and for distances ranging from 100 meters to 370 
meters. A typical set of data follows. For a 
temperature of 233°C and 18 percent relative 
humidity the value of m is, from Knudsen’s data, 
0.00015 cm. Using this value of m and assuming 
a parallel beam of sound, we can calculate the 
ratio of the sound pressure at different distances. 
For two distances, 109 meters and 214 meters, 
this pressure ratio turns out to be 2.197. The 
pressure ratio actually observed by experiment 
was 2.297. Again, for distances of 109 meters 
and 377 meters, the calculated pressure ratio was 
7.482 and the experimentally observed ratio, 
8.882. A large part of the difference between the 
theory and the experiments is undoubtedly due 
to the fact that the sound in the experiments was 
not confined to a parallel beam; but a part of the 
discrepancy is also due to turbulence in the 
atmosphere, as evidenced by the large variations 
in the received intensity. 

The results of these preliminary experiments 
seem to show that an altimeter designed to work 
near the maximum absorption range, 15 to 20 
percent relative humidity for ordinary fre- 
quencies, should prove entirely reliable in heavy 
fog and even rain. The experiments are to be 
repeated under controlled conditions in a large, 
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well-padded room where the effect of introducing 
artificial turbulence can be studied. 

The intensity of an echo will be further influ- 
enced by the absorption coefficient of the 
reflecting surface and by its shape. A typical 
example of the variation of the intensity of an 
echo is shown in Fig. 7. The first record is a 
sample of a 2000 cycle sound pulse sent out from 
an airship standing practically still at an alti- 
tude of 1530 feet, over plowed ground. The 
second is a record of an echo from this pulse 2.72 
seconds later. The third is a record of a second 
pulse sent out only a few seconds after the first 
echo was received, and the fourth is the echo 
from this second pulse at an altitude of 1550 
feet. The change in the pattern of the second echo 
indicates the wide variation in the character of 
echoes taken under practically identical con- 
ditions. The final selection of a suitable frequency 
to use in acoustic altimeters will require many 
such observations over a wide variety of re- 
flective surfaces, at various altitudes, and under 
different weather conditions. Some work of this 
nature has been reported by Eisner and Kriiger.’ 
They used a whistle of 2900 cycles per second, 


” Eisner and Kriiger, Hochfrequenztechn. Electroakustik 
24, 64-67 (1933). 
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attached to one side of the gondola of an airship 
and picked up the echo by a tuned microphone 
located at the other side. Taking the reflection 
coefficient of water as unity they obtained for 
thin ice 1.07 and for meadow land 0.49.-In order 
to obtain reflection coefficients from observations 
made at various altitudes, the correction for 
absorption in the medium must be introduced. 
Such observations as have been made up to the 
present time indicate that a suitable frequency 
for the source of an echo altimeter should lie 
between 2000 and 3000 cycles per second. The 
final selection of the most suitable pitch must 
await the completion of many more experiments 
similar to those described above. 


THE DESIGN OF AN EXPERIMENTAL ALTIMETER 


From the data presented it is apparent that the 
main problem to be considered in the design of an 
acoustic altimeter is the one of selecting a source 
of sound of a pitch that can be successfully 
filtered through the background of ship’s noise as 
an echo. Since the attenuation of sound increases 
rapidly with frequency the most efficient fre- 
quency would appear to be that which is just high 
enough to be filtered through the particular ship’s 
noise. This will, of course, vary with the se- 
lectivity of the device and the sound spectra of 
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the ship. From these considerations a frequency 
of 2000 cycles per second was chosen for use in an 
experimental altimeter. 

In order to measure low altitudes a sound 
pulse of very short duration is required. The 
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details of a source of sound of moderate intensity 
and short duration are shown in Fig. 8. D isa 
steel diaphragm cut from a solid steel ring and 
having a fundamental frequency of 2000 cycles 
per second. A clapper C is arranged to strike the 
diaphragm a sharp blow whenever current to the 
electromagnet E is broken. An efficient transfer 
of the energy of the diaphragm to the air is 
accomplished by the coupling used in the 
Bostwick high frequency loudspeaker. An oscillo- 
graph of the sound pulse produced by this source 
is shown in the upper half of Fig. 9. The duration 
is approximately 0.02 second. 

The filtering of the sound pulse through the 
ship’s noise is accomplished in the microphone 
itself. The microphone is a modification of 
Bragg’s amplitude meter. The details are shown 
in Fig. 10. D is a 0.001-inch duralumin dia- 
phragm, tuned to the pitch of the source (2000 
cycles per second) and has attached to its center a 
small platinum button. Pressing against this 
button is a second platinum contact attached toa 
light platinum spring S. The spring has a natural 
frequency of 95 cycles per second in this case. A 
small drying tube R serves to keep the contacts 
dry. For sounds of even great intensity and low 
frequency the spring follows the diaphragm, 
while a weak sound of 2000 cycles per second 
causes the contact to break once each vibration 
of the diaphragm. The filtering action is brought 
out more fully in the following: If the amplitude 
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of vibration of the diaphragm is rp and the 
frequency at which the diaphragm is vibrating 
fp, the maximum acceleration for sinusoidal 
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motion is given by ap=47°rpfp’. If the spring is 
given an initial. displacement rs then at the 
extreme upward displacement of the diaphragm 
the acceleration of the spring will be given by 
adgs=4r*(rs+rp)fs?. Breaking of the contact will 
occur when @p slightly exceeds as, or we may set 
for this critical condition (rs+rp)fs*=rpfp’, 
which, if we solve for rp, we obtain rp=rsf s?/ 
(fp? —f ss”). This expression indicates that for a 
source of sound equal to the natural frequency 
of the spring fs an infinite amplitude would be 
required to break the contact. In practice we can, 
of course, only approach this condition. 

If we take as a measure of the selectivity of the 
microphone the ratio of the amplitude required 
to break the contact at a frequency fp to that of 
the resonant frequency, 2000 cycles per second, 
we may write 


$= 1p/TDeooo= (2000 —fs*)/(fp? —fs*). 


If this ratio is expressed in db above the resonant 
amplitude we obtain the curve shown in Fig. 11. 
Three curves have been calculated for three 
natural frequencies of the spring: fs= 20, 50, and 
95 cycles per second. This simple theory does not 
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take into account the change in amplitude due to 
the resonant character of the diaphragm itself. 
This effect will increase the selectivity. An 
experimental determination of the selectivity 
over a small frequency range was obtained by 
driving the diaphragm by an electrostatic grill. 
These data have been plotted as a broken line in 
Fig. 11. 

The electrical connections of the microphone 
and the indicating mechanism are shown in Fig. 
12. A single three-element vacuum tube has 
connected in its plate circuit a neon lamp P. 
With the microphone contact closed, the small 
battery E and the resistance R are short- 
circuited and the grid potential now is maintained 
at a negative value Eg. The value of Eg is chosen 
so that the neon tube in the plate circuit is below 
its striking potential. When the microphone 
contacts are broken, the potential on the grid is 
(E—Eg), a sufficiently positive potential to 
cause the neon lamp to glow. When a sound of 
sufficient intensity strikes the microphone dia- 
phragm it causes the contact to break. For the 
duration of the sound the contact is made only 
momentarily once each cycle, resulting in sub- 
stantially a direct current through the neon tube. 
An oscillogram, taken on a cathode-ray oscillo- 
graph, of the potential across the neon tube is 
shown in the lower half of Fig. 9. The potential 
across the lamp drops below the striking potential 
for only a very short interval of time each cycle. 
The drop is so rapid that only a few irregular 
contacts show on the oscillogram. The neon lamp 
is mounted on a shaft which is driven at a 
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constant speed by a small electric motor. 
Attached to this shaft is a cam which makes and 
breaks a contact once each revolution. This 
contact breaks a local circuit through the 
electromagnet E (Fig. 8) and causes the clapper 
C to strike the diaphragm once each revolution of 
the neon lamp. At each contact a short pulse of 
sound is sent out. The neon lamp is adjusted so 
that it is exactly behind the zero of a circular 
scale at this instant. The return of the sound 
pulse as an echo is indicated by a flash of the 
lamp, of short duration. The position of the 
flash on the circular scale depends on the time of 
transit of the sound pulse and on the speed of 
rotation of the neon lamp. The experimental 
altimeter is calibrated for a temperature of 20°C 
and for zero air speed. Corrections for other 
ships’ speeds and temperatures were summarized 
in Fig. 3 and Fig. 4. These corrections can be 
applied by adjusting the speed of rotation of the 
lamp. 

A check on the mechanical operation and 
calibration of the altimeter was obtained by 
measuring distances in a large gymnasium. The 
altimeter was set up on a movable table and 
moved until an observer read a given distance on 
the instrument. The actual distance was then 
measured. A typical set of readings taken by two 
different observers are given in Table II. 
In order to determine the overall selectivity of 
the device, a loudspeaker was located in ap- 
proximately the same relative position from the 
microphone as the engines would be in an actual 
ship. A phonograph record of the noise of a plane 
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was then introduced into the loudspeaker and 
adjusted so that the intensity was equal to that 
of an airplane. Oscillograms of the direct sound 
from the impulsive source, together with the 
first and second echoes obtained from reflections 
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TABLE II. 











Distance by 
altimeter 


Measured Distance- 
LaF Bh J. H. M. 





Average 





10’ 10°00” 10°33” 10°0” 10’°5” 10.16’ 
50’ Coo FW? FY Fe ae 
120’ 122° 2” 122°9" 121°2” 1227S” 122.80 








between two buildings 350 feet apart, are shown 
in Fig. 13. The absence of any disturbance, other 
than that due to the impulsive source, shows 
clearly the filtering action of the microphone. 


FIELD TESTS OF THE ALTIMETER 


Field tests of the altimeter were made from the 
Goodyear Airship Volunteer. The general ar- 
rangement of the impulsive source and selective 
microphone is shown in Fig. 14. The microphone 
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and parabolic reflector were suspended by rubber 
shock cords and held clear of the supporting 
frame by sponge rubber in order to minimize 
mechanical vibrations due to the ship. Fig. 15 
shows the temporary location of the indicator in 
the cabin of the ship. At the beginning of a 
flight the contact spring S (Fig. 10) was adjusted 
so that the neon lamp just failed to flicker with 
the ship’s noise alone. The indicator was then 
started. Observations were made over a variety 
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of reflecting surfaces. It was found possible to 
measure altitudes as high as 350 feet and as low 
as 4 feet with this source of sound and as high as 
700 feet with a somewhat stronger source. 

A typical set of readings on the acoustic 
altimeter with the corresponding barometric 
altimeter readings is shown in Fig. 16. Since over 
short periods of time the barometric altimeter 
may be assumed constant, these two sets of 
readings make it possible to plot a cross section of 
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the surface beneath a ship. This may prove 
useful in a heavy fog, as an example, to determine 
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when a pass has been successfully negotiated. 
Under abnormal storm conditions the barometric 
altimeter may be in error by as much as 700 feet. 

It should be pointed out that although some 
progress has been made in the use of sound as an 
aid to avigation, several problems of both a 
physical and strictly engineering nature remain 
to be considered. Important among the purely 
physical problems is the study of the attenuation 
of sound in a turbulent atmosphere, while among 
those of an engineering nature is the problem of 
reducing the weight of the altimeter. 

In concluding this paper I wish to express my 
gratitude to the Guggenheim Fund for the 
Promotion of Aeronautics for the financial 
assistance, to the Bureau of Aeronautics of the 
Navy Department, to the Army Air Corps, and 
to many commercial companies, for the use of 
equipment. The investigation was made par- 
ticularly pleasant by the kindly interest and 
helpfulness of Dr. V. O. Knudsen. Mr. John 
Hammond Munier assisted in much of the 
experimental work. 
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Under abnormal storm conditions the barometric 
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physical and strictly engineering nature remain 
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Application of Sound Measuring Instruments to the Study of Phonetic Problems 


Joun C. STEINBERG, Bell Telephone Laboratories 
(Received June 27, 1934) 


This paper gives the results of a period by period analysis of the vowel sound waves occurring 
when the sentence ‘‘Joe took father’s shoe bench out’’ was spoken. Such an analysis gives an 
approximate picture of the time variations in r.m.s. amplitude of the wave, frequency of voice 
fundamental, and frequency regions of overtone reenforcement. Although the study is confined to 
a few sounds and one speaker's voice, it illustrates a method of approach to studies of speech 


production and measurement. 


S one speaks, the physical characteristics of 
the sound waves undergo changes due to 
the changes taking place in the positions of the 
vocal organs. Such changes occur during the for- 
mation of particular sounds and also during the 
transitions from sound to sound. This paper 
shows how the r.m.s. amplitude of the wave, 
the frequency of the voice fundamental and 
the relative amplitudes of the overtones changed 
with time as the sentence “Joe took father’s 
shoe bench out”’ was spoken. 

The results were obtained by analytical 
methods from an oscillograph record of the 
above sentence. The study was confined to 
the vowel sounds and to the case of a single 
speaker’s voice, so that the data may not be 
entirely typical. They are presented here to 
illustrate a method of approach to the study 
of the mechanism by which speech is produced 
and to a study of the requirements that must be 
met by sound measuring instruments designed 
to indicate directly the time variations in the 
physical properties of speech waves. 

Fig. 1 shows an oscillograph record of the 
sentence that was analyzed. The record is that 
of a man’s voice speaking at a somewhat more 
rapid than normal rate for the speaker. The 
ordinate is proportional to the pressure change 
caused by the sound wave and the abscissa 
indicates time intervals in steps of 0.01 second. 
This record was made with a system consisting 
of a condenser transmitter, an amplifier and an 
oscillograph which had an amplitude response 
that was uniform in the frequency range from 
40 to 10,000 cycles, and which had a phase 
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shift that was linear with frequency up to at 
least 5000 cycles. The record shows that waves 
of the vowel sounds tend to approximate re- 
current waves. The waves can be broken down 
readily into periods corresponding to the periods 
of the vocal cords. The breakdown into ele- 
mentary periods is indicated by the vertical 
lines above the wave trace. If the elementary 
periods were exactly recurrent they could be 
represented by a single Fourier series consisting 
of a fundamental and harmonics of definite 
amplitudes and phases. When the wave form 
changes slightly from period to period, a Fourier 
analysis of each period as though it were steady, 
will yield a time sequence of Fourier series. 
It would be expected that such a sequence 
would give a good picture of the physical 
properties and their variations as the vowel 
sound proceeds in time. This is the type of 
analysis that has been carried out for the seven 
vowels in the sentence mentioned above. 

The method! that was used for analyzing the 
wave form in each period required the measure- 
ment of 2” equidistant ordinates for the ampli- 
tude of the mth cosine term. For the mth sine 
term a similar set of measurements were required 
after shifting the origin a length of +/2n, where 
2x is the length of the fundamental period. 
The average value of the 2m ordinates with 
alternate signs changed is equal to the sum of 
the amplitudes of the terms n, 3n, 5n, 7n, etc. 
Therefore, it was necessary to carry the measure- 


1S. P. Thompson, Fourier Analysis, Proc. Phys. Soc. 23, 
334 (1910-11). 
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Fic. 1. Oscillogram—‘‘Joe took father’s shoe bench out.” 
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ments up to a value of such that higher order 
terms would be negligible. The usual procedure 
was to measure all terms up to n»=16 or 21 but 
in a few cases it was necessary to go as high as 
n= 30. 

The work was greatly facilitated by the use 
of an ingenious arrangement of a planimeter and 
mechanical guides for rapidly selecting and 
measuring the desired ordinates. The device was 
developed and used by Mr. Walter Koenig of the 
Laboratories several years ago to make vowel 
analyses of the type described here. With this 
arrangement an analysis up to 30 terms may be 
made in about 2 to 3 hours, and for the case of 
vowel waves, a resolution of an order of 25 to 
30 db obtained. 

The results of the analysis are shown in Figs. 
2 to 8. The ordinates show the relative ampli- 
tudes in db, of the fundamentals and overtones. 
Although an amplitude range of 40 db is shown, 
overtones having amplitudes 25 db below that of 
the strongest overtone are uncertain in value. 
The abscissae show frequency. The scales in both 
cases are comparable throughout the seven 
figures. The number to the right of each spectrum 
shows the elementary period that was analyzed. 
Reference to Fig. 1 will identify each spectrum 
with an elementary period (between vertical 
lines) in the sound wave. To save space, certain 
of the spectra that differed very little from 
adjacent spectra have been omitted. The dashed 
lines indicate the approximate resonant fre- 
quencies and dampings (sharpness of resonance) 
of resonators that may be regarded as causing 
the indicated reenforcement of certain of the 
overtones. The manner of obtaining these prop- 
erties will be discussed in a subsequent para- 
graph. 

The spectra of all the sounds appear to have at 
least two frequency regions of reenforcement, 
one below 1000 cycles and one between 1000 
and 2000 cycles. Some of the spectra, particularly 
the ones for “‘u in took,” “er in fathers’ and 
“ein bench,” show a third region of resonance at 
about 2500 cycles. The first and second named 
sounds even show small resonances above 3000 
cycles, but it is felt that the indicated amplitudes 
are beyond the resolving power of the equipment. 
To show the time variations in frequency of the 
fundamental and of the reenforced regions, the 
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Fic. 2. Analysis of successive periods of o in “Joe.” 


data have been plotted as shown in Fig. 9, 
where the ordinate represents frequency and the 
abscissa represents time. An attempt to show 
the variations in the relative intensities of the 
overtones was made by varying the relative 
thickness of the lines. 

The lower curve shows the frequency variation 
of the fundamental, which corresponds to the 
rate of vibration of the vocal cords. The rate 
may change over wide limits during the for- 
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Fic. 3. Analysis of successive periods of « in “took.” 


mation of a particular sound and in going from 
sound to sound. A pitch change of more than 
an octave occurred during this very short and 
rapidly spoken sentence. 

The upper curves show the variations in fre- 
quency of the regions where reenforcement 
occurred. Large variations may take place during 
the formation of particular sounds which appear 
to be more or less independent of the variations 
occurring in the fundamental. This is particularly 
noticeable in the case of the first and second 
resonant regions, i.e., the resonance below 1000 
cycles and that between 1000 and 2000 cycles, 
respectively. The frequency of the third resonant 
region, about 2500 cycles, shows very slight if 
any variation with time. 
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For the three sounds 6, u and a, the second 
resonant regions begin about 1800 cycles and 
fall rapidly to about 1200 cycles as the sounds 
proceed. For the a, er and e sounds a change 
takes place in the opposite direction. It is 
interesting to note that the ou sound, in this 
particular instance, does not show definitely 
characteristics of either the a@ sound or the @ 
sound but is characterized by very rapid and 
extended variations in pitch and frequency of 
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TABLE I. Frequencies of resonant regions, 


























First Resonant Region Second Resonant Region Third Fourth 
Res. Reg. Res. Reg. 
Sound Fig.9 Paget Stewart Crandall Fig. 9 Paget Stewart Crandall Fig. 9 Fig. 9 
ti (shoe) 330 385 320 410 2000-1200 724 — _— 2500 
u (took) 420 362 420 460 1650-1300 966 960 960 2400 3200 
6 (Joe) 450 430 440 520 1900-1250 812 — — 2500 
r (father’s) 450 456 500 570 1500-1800 1534 1120 1700 2600 3200 
e (bench) 520 512 420 610 1750-1900 1932 2300 1900 2600 
a (father’s) 680 683 — 950 1050-1450 1150 1000 1250 2500 
ou (out) 420-760 — — — 1850-1500 — — — 2500 











resonance. It is probable that the variations in 
frequency of the resonant regions near the be- 
ginnings and endings of the sounds are influenced 
by the preceding and succeeding sounds, but a 
more extended study of various sound com- 
binations and various voices would be needed 
to show the nature of this dependence. 

For comparison, the resonant frequencies of 
the sounds together with data reported by 
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Fic. 5. Analysis of successive periods of er in “father’s.” 





Crandall,” Paget? and Stewart* are given in 
Table I. The data reported by Paget and Stewart 
were obtained by producing vowel sounds arti- 
ficially, the former by the manipulation of 
acoustic resonators, the latter by the manipula- 
tion of electrical resonant circuits. The results 
reported by Crandall were obtained from an 
inspection of oscillograph records of sustained 
vowel sounds. For the most part, the frequencies 
of the first and second resonant regions are in 
reasonably good agreement except for sounds 
a, u and o, where the frequencies of the second 
resonant region are considerably higher than 
those previously reported. 

The variation in the relative r.m.s. amplitude 
of the wave from period to period may be 
readily computed by taking the square root of 
the sum of the squares of the relative amplitudes 
of fundamental and overtones. Such computa- 
tions expressed in db are shown in Fig. 10 as a 
function of time. In general, the r.m.s. amplitude 
during the mid-portions of the sounds remained 
quite constant and fell within a range of some 
5 db. Near the beginnings and endings of the 
sounds the r.m.s. amplitude changes very rapidly 
indeed. Frequently the amplitude changed at a 
rate of more than 500 db per second. An in- 
spection of the amplitude of a given overtone 
from period to period (Figs. 2 to 8) shows 
similar rates of change near the beginnings and 
endings of the sounds. 

If the vocal cavities act as simple resonators, 
the rates of amplitude change noted above may 


2]. B. Crandall, Sounds of Speech, Bell Sys. Tech. J. 4, 
Oct. (1925). 

3 Sir Richard Paget, Production of Artificial Vowel Sounds, 
Proc. Roy. Soc. A102, 752 (1923). 

4J. Q. Stewart, An Electrical Analogue of the Vocal 
Organs, Nature 110, Sept. (1922). 
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Fic. 6 Analysis of successive periods of @ in “‘shoe.” 


be taken to indicate damping constants in excess 
of 500 db per second. Although the dimensions 
of the cavities and the couplings between them 
are constantly changing during speech, it seemed 
worth while to attempt a determination of their 
damping constants from the spectra of Figs. 2 
to 8 on the assumption that the cavities act as 
simple resonators. For this purpose, it is con- 
venient to think of the vocal passages as divided 
into three parts corresponding to (1) the gen- 
erator, beginning at the glottis and extending to 
the lungs, (2) the conduit, beginning at the 
glottis and extending to the mouth and nose 
openings, (3) the radiators, beginning at the 
mouth and nose openings and extending to 
the place in the sound field where the speech 
pressures are measured. At low frequencies, 
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other radiators such as the cheeks probably 
radiate an appreciable amount of sound. The 
relative amplitudes of the overtones of a given 
spectrum in Figs. 2 to 8 are the resultant effects 
of selective radiation, of selective transmission, 
and of selective generation. By trial and error a 
spectrum consisting of a fundamental and over- 
tones of amplitudes proportional to 1/n'-® where 
n is the number of the overtone, was found which 
when subtracted from the spectra of Figs. 2 to 8, 
gave remainders that seemed to correspond to 
one or more simple resonances.’ Actually a 
different exponent would be needed for each 
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Fic. 7. Analysis of successive periods of e in ‘‘bench.” 


5 It is of interest to note than an exponent of 1.5 was 
assumed by Dr. Fletcher in calculating the spectra of 
vowel sounds. See Speech and Hearing, p. 50. 
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Fic. 8. Analysis of successive periods of ou in “out.” 


spectrum since the selective action of the gen- 
erator and radiator change constantly, so that 
the procedure is at best only approximate. The 
resonant frequencies and shape of the resonance 
curves obtained from this procedure are shown 
by the dashed curves of Figs. 2 to 8, as previously 
mentioned. The damping in db per second is 
equal to 27.3 (f,,—f_,), where f,, and f_, are 
the frequencies above and below resonance that 
show an amplitude loss of 3 db from that of the 
resonant frequency. The damping constants ob- 
tained for the first and second resonant regions 
are shown in Fig. 10. Although the time vari- 
ations of the damping shown in the figure are 
without significance because of the approximate 
character of the method, the indicated orders of 
magnitude, namely, from 1000 to 4000 db per 
second, are probably not far wrong. This means 
that a disturbance arising from a transient 
excitation of the vocal cavities decays at the 
rate of 1000 or more db per sec. In a period of 
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0.008 second the period of the voice funda- 
mental, the amplitude would be expected to 
decay to something between 0.4 and 0.1 of its 
initial value. Stewart® reports the orders of 
magnitude of the damping constants for the first 
resonant region as greater than 500 and less than 
2500 db per second. His data on the second 
resonant region of the u (took) sound indicate a 
damping constant of 10,000, and one of 3900 
for the a (fathers) sound. In general, he found 
that the damping constant of the electrically 
resonant circuits were not very critical for the 
production of artificial vowels. 

The time variations in the three physical 
properties of the vowel sound waves (funda- 
mental frequency, resonance frequency and 
damping, and r.m.s. amplitude) cause time vari- 
ations in the corresponding sensations, namely, 
pitch, quality and loudness. It is probable that 
the hearing sense is able to follow and appreciate 
pitch and quality changes of the type occurring 
in vowel sounds. In Chinese speech for instance, 
pitch changes of an amount and of time intervals 
comparable to those shown by the lower curve 
Fig. 9 are used to convey different meanings to a 
given phonetic element.’ 

Loudness experiments with short pulses of 
sinusoidal sound waves have indicated that a 
pulse of about 0.2 second duration time is as 
loud as a steady sinusoidal wave of like ampli- 
tude. When the duration time of the pulse is 
decreased to 0.02 second, the amplitude of the 
steady wave has to be decreased by 20 db in 
order to sound as loud as the pulse. This may be 
taken to indicate that the hearing sense tends 
to integrate the amplitude over a 0.2 second 
time interval in sensing the loudness of impulsive 
sounds. Since the vowels differ appreciably in 
duration time, it was thought that the variation 
in loudness from vowel to vowel could be ob- 
tained approximately by calculating the integral 
of the amplitude over a time interval of 0.2 
second. The relative loudness variation so calcu- 
lated is shown in Fig. 10. Although the relative 


6 Reference 4, Stewart's damping constants are expressed 
as R/2L, where R is resistance (ohms) and L is inductance 
(henries). The damping constant in db per sec. is 8.68 times 
R/2L. 

7J. Obata and T. Tesima, Physico-phonetical Studies of 
the Chinese Language, Proc. Imp. Acad. 9, Nov. (1933). 
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amplitudes during the steady parts of the various 
vowels fall within the narrow range of 4 or 5 db, 
the relative loudness covers a range of some 
12 db, which seems to be more nearly in accord 
with the loudness variation that is heard as 
the sentence is spoken. It should be pointed out 
that the calculated loudness corresponds to the 
maximum value attained as the amplitude of 
the sound grows, remains steady, and decays 
during its formation. Undoubtedly the hearing 
sense is able to follow and appreciate the loud- 
ness change that takes place during the formation 
of a sound but a means of obtaining such changes 
from the amplitude is not fully known. 

There has been considerable difference of 
opinion as to the validity of the Fourier analysis 
as a method of depicting the physical properties 
of vowel sound waves. However, if the waves 
tend to be recurrent so that approximately 
corresponding points on successive waves may 
be chosen, it seems that a period by period 
analysis will yield a reasonably correct picture 
of the time variations of the properties dis- 
cussed above. This simply means that if one 
were to generate a wave having a proper dis- 
tribution of fundamental and overtones and then 
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modify this wave according to the time variations 
shown in Figs. 9 and 10, a reasonably correct 
vowel sound would be produced. 

No attempt has been made to associate the 
frequencies of the reenforced regions with the 
resonant properties of particular cavities such as 
the mouth, nose and throat. It seems advisable 
to obtain first additional information on the 
elements previously noted, the generator, the 
conduit and the radiator. There are reasons to 
believe that considerable information on the 
physical properties of the cavities may be ob- 
tained directly by the search tube method of 
measurement.® The selective radiation afforded 
by the mouth and nose openings for a range of 
typical conditions might also be obtained by this 
method. Whether anything can be done to get 
at the sound spectrum generated by the glottis, 
before modification by the conduit is problem- 
atical. Further information on the properties of 
these three elements would be of great help in 
interpreting the results of a period by period 
analysis of vowel sound waves. 


8L. J. Sivian and H. T. O'Neil, On Sound Diffraction, 
J. Acous. Soc. 3, 483 (1932). 
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VOLUME VI 


A Physical Definition of “Good Voice-Quality” in the Male Voice 


WILMER T. BARTHOLOMEW, Department of Research, Peabody Conservatory of Music, Baltimore, Maryland 


(Received May 2, 1934) 


INTRODUCTION 


HE need of bringing order out of chaes in 
the field of voice-teaching is nowhere felt 
more keenly than in conservatories of music, 
where the eternal conflict of traditional methods 
is often in evidence. Little of value can be 
learned from textbooks for there are very few if 
any points on which general agreement may be 
found. This widespread lack of agreement often 
extends even to the few select works which have 
been written by men who had some understanding 
of the acoustic principles involved, and is an 
emphatic warning of the danger of divorcing the 
physical aspect from either the physiological, the 
psychological, or even the aesthetic, in in- 
vestigations of this sort. Musico-scientific studies 
of any sort must take account of more than just 
the aesthetic and more than just the physical. 
But this is doubly true of studies on the voice, 
because the voice mechanism is not only quite a 
complex structure muscularly, capable of tre- 
mendous and facile variation in the relations of 
its parts and the character of its surfaces but is in 
addition never entirely under conscious control. 
The advantage of the objective approach is 
obvious. There is, fortunately, enough agreement 
among musicians as to what constitutes good 
vocal quality to enable us to speak of a typical 
good quality. Since every aspect of the sound we 
hear has its counterpart in the sound wave, 
careful registration of this sound wave by 
sufficiently sensitive apparatus should give us a 
record of the whole story. If we can find signifi- 
cant differences in such records between good 
voices and poor ones and can avoid the pitfalls of 
drawing wrong conclusions concerning something 
so transitory and subtle as is the voice, we can 
perhaps work backwards and deduce the 
physiological structure responsible for various 
qualities. With that basis, we would know how to 
proceed most intelligently in the psychological 
process of bringing the voice mechanism as much 


as possible under conscious control. That was our 
idea in commencing this investigation nearly four 
years ago. 


APPARATUS 


Our apparatus consisted of a highly damped 
studio with remote-control switches to an 
oscillograph room, a condenser microphone, 
resistance-coupled amplification, a  specially- 
designed oscillograph vibrator and means for 
exposing long enough lengths of film to cover at 
least one complete cycle of the voice-vibrato,' a 
precaution which is absolutely necessary in 
analyses of voice-quality and which makes use- 
less the short-film commercial apparatus, since 
the waves must also be sufficiently extended to 
make high frequencies readable. The most of the 
apparatus was designed by Mr. H. T. Rights of 
the Westinghouse Company and was made 
possible through the financial assistance of the 
National Research Council. The apparatus and 
the film-speed are capable of separating fre- 
quencies in excess of 8000 cycles should they be 
present. To date nearly a thousand records have 
been taken, comprising various qualities from 
best to poorest, from over forty male and female 
voices, of all degrees of training and ability, at 
frequent points throughout the pitch series, on 
various vowels, at various intensities. The study 
of these records, and the harmonic analysis of a 
group of 46 wave forms of male voices, carried 
out on the Henrici analyzer in the Bureau of 
Standards at Washington, emphasizes four char- 
acteristic tendencies, which collectively give us a 
tangible, physical definition of ‘‘good quality,” at 
least in the male voice. The first three of these 
have been reported at one time or another by 
other investigators, though perhaps not with the 


1 W.T. Bartholomew, A Technique for the Taking of Long 


*Oscillograph Records, J. Exper. Psychol. 16, No. 2, Apr. 


(1933). 
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aid of such a large and controlled series of records, 
using singing voices and sufficiently sensitive 
apparatus. 


VIBRATO 


The first characteristic is the vibrato. Good 
voice-quality is inseparably connected with a 
smooth and fairly even variation occurring 
around a central mean about 6 or 7 times a 
second in usually all three of the variables: pitch, 
intensity and timbre. In a good voice, this 
variation is more marked the louder the tone. 
Fig. 1 shows the wave forms and spectra, plotting 
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pressure-amplitudes, of four successive instants 
in one vibrato-cycle. The record is of a good- 
quality baritone voice singing ‘‘ah”’ loudly on 
Middle C. The variations in fundamental pitch 
and in total intensity are of course difficult to see 
from the wave form but the timbre change is very 
evident and is seen to consist of an interchange of 
energy between a relatively high region and a 
relatively low one. In the original film, the wave 
at a could be superposed on that at d, one 


vibrato-cycle later, with such considerable coinci- 
dence as to cause one to marvel at the precision of 
the vocal musculature as well as the fidelity of the 
recording apparatus. 

Eleven male voices were ranked on the basis of 
their quality, by the judgment of teachers with 
experienced musical taste and extended ac- 
quaintance with the voices themselves. Records 
of single tones were taken under controlled con- 
ditions and classified visually on the rather 
indefinite basis of ‘“‘aamount and evenness of 
variation,’ by two persons who were unaware of 
whose records they were examining. The ranking 
secured even in this rough way approached very 
closely to a judgment of ‘“‘quality’”’ by ear. The 
importance of an even vibrato to the satisfying 
quality of a voice appears to be considerably 
greater than formerly realized. Tone-qualities 
which are quite disagreeable when sustained 
without a perceptible, even vibrato can be made 
passable if given artificially a proper amount of 
an even variation at proper vibrato speed. This 
does not mean that the vibrato is necessarily 
heard as a variation. Instead it imparts to the 
total complex tone a certain richness, to which we 
react unconsciously as part of the timbre, unless 
we learn to direct attention to it. The term 
‘‘sonance,”’ first used in this sense by Metfessel at 
the University of lowa, has much to recommend 
it. 

The vibrato appears to involve a large group of 
muscles and therefore is not to be explained as 
coming from this or that particular muscle. It is 
sometimes entirely unconscious in the singer, 
sometimes under partial conscious control, and in 
some individuals may be brought under definite 
voluntary control. The vocal ‘‘tremolo’’ is not 
entirely unrelated to the vibrato but is caused by 
incoordinated muscular tension, and expresses 
itself as an inartistic extreme of one or more of the 
three variables, or/and by a departure from the 
relatively ‘‘sinusoidal’’ variation of one or more 
of them. Also, it is often faster than 6 or 7 per 
second. 


TotTaL INTENSITY 


The second characteristic is found in the total 
intensity. The individual with good quality is 
usually able to produce a tone of considerably 
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more intensity than an individual with a poor 
quality. The eleven men who sang the tones 
mentioned above were asked to sing them “‘as 
loudly as possible.’’ The resulting records were 
harmonically analyzed and the amplitudes of the 
first 30 components added in each case, to secure 
a term representing loosely the total intensity of 
the tone. In the case of records showing an 
appreciable vibrato (such as Fig. 1), two or even 
three wave forms were selected from each-record 
for analysis and their summations averaged to 
secure the “total intensity term.’’ When the 
voices were ranked on the basis of these terms, 
they gave an order approximating the initial 
order-of-merit. The relatively large throat which 
is generally necessary to good tone makes 
possible this increase in intensity by permitting a 
more vigorous action of the cords, a free egress 
through the lower pharynx and over the tongue 
and a greater degree of resonating by tensing of 
the walls. Laryngoscopic photographs by Dr. G. 
Oscar Russell of Ohio State University, to whose 
pioneer work other investigators are indebted, 
show very clearly that in poor voice-production 
the opening that the sound has to go through to 
get to the mouth is sometimes nearly closed, 
either through a constricted pharynx or a partly- 
closed epiglottis, or both, with consequent 
lessening of its strength. 


Low FORMANT 


The third characteristic of good quality may be 
termed the low formant. Good male voices show a 
decided tendency toward strengthening a low 
partial somewhere in the general range of 500 
cycles or lower. This in all probability takes place 
in the pharynx, which in the good tone is 
considerably enlarged and tensed through lower- 
ing of the larynx and stretching of the epiglottis 
and sides of the throat. In the records so far 
analyzed, which were sung on Middle C, 262 
cycles per second, the good voices had relatively 
strong 2nd partials (523 cycles), while the poorer 
ones shifted to 3rds, 4ths, or 5ths. Additional 
records should be analyzed on lower fundamental 
pitches, so as to produce more and closer partials 


in this critical range and permit more detailed 


study. Middle C was selected for harmonic 


analysis since many voices begin to show strain 
somewhere around this point. 

This low formant may in some cases be the 
lower of the two vowel formants which contribute 
the particular vowel quality of the tone. How- 
ever, there is usually a decided tendency in good 
voices to strengthen it relatively (sometimes at 
the expense of the upper vowel-determining 
formant) and sometimes to lower it still more. In 
such a vowel as “‘ah”’ in which the lower of the 
two vowel formants has been variously estimated 
around 800 cycles, our records show strong 2nds 
(523) in the better voices (though they do show 
strong 4ths as well, which correspond to one of 
the vowel formants). This is an explanation of the 
typical modification of vowel quality in singing, 
the vowel definition being weakened or even 
sacrificed so that the “‘tone’”’ may be enlarged. 

An illustration of the reality of the low formant 
in good tones is to be found in the fact that the 
voice teacher can secure a better quality “‘ah’’ by 
asking the student to add “‘oh.”’ The vowel ‘‘oh”’ 
has a lower formant than ‘‘ah” and to change 
‘ah’? towards ‘“‘oh’”’ secures a larger resonator 
with tenser walls, which gives a somewhat lower 
pitch and larger amplitudes of vibration at this 
lower pitch. Even though the pharynx resonator 
should be greatly enlarged, it is very easy to keep 
its pitch from going down too low by slightly 
increasing the orifice. This, incidentally, will 
make it that much easier for the sound to get 
out over the tongue. 

Additional study is necessary to determine to 
what extent ‘‘chest resonance’ may aid in the 
production of the low formant. The whole 
mechanism of the voice is so complicated and 
capable of so many different simultaneous ad- 
justments that it is possible to get the same effect 
with various settings or quite different effects 
with what seem to be ~practically identical 
settings. 


HicH FORMANT 


An overwhelming majority of the total number 
of records taken show the presence of a high 
formant, usually lying for male voices between 
approximately 2400 and 3200 cycles. This 
formant is present in varying amounts in all male 
voices tested, although in some poorer ones the 
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range runs up higher, even occasionally as high as 
5000 or 6000. Speaking generally, the better the 
voice, or the louder the tone, the more prominent 
this formant becomes, at least during some part 
of the vibrato cycle. Although its amount may 
vary with quality or with intensity, for the most 
part its pitch averages around 2800-2900 cycles, 
regardless of whether produced by a tenor or 
baritone, a good voice or a poor one, and 
regardless of the fundamental pitch, the vowel or 
the intensity. It has been found in pitches as low 
as A—110 cycles, where it would correspond to 
about the 25th partial, and in pitches over two 
octaves higher such as tenor b’»)—466 cycles, 
where it would correspond to the 6th partial. 
Table I shows how this occurs in a baritone 











TABLE I. 
—High Formant—— 
Subject Vowel Pitch Partial Frequency 
FG (baritone) (n)ah A—110 25 2750 
£ c —131 23 3008 
6 e>—156 20-21 3190] Aver- 
ia f#—185 16-17 3052 age 
é3 a —220 13 2860 fre- 
5) c’ —262 11 2878 | quency— 
43 e’b—311 8-10 2800 2891 
f'2-370 7 


2590 





subject, a concert artist with a recognized good 
voice-quality, for the vowel ‘‘ah.”’ As the 
fundamental pitch is raised, successively lower- 
numbered partials are strengthened by resonance 
of some sort, in order that a large amount of the 
total energy of the tone may be kept in the 
formant region. Other vowels sung by this man 
show almost exactly the same high frequency. 

Table II shows the same condition. It is of 
another vowel, ‘‘oh,”’ from the records of a well- 
known Italian operatic tenor: 








TABLE II. 
—- High Formant——— 
Subject Vowel Pitch ‘Partial Frequency 

DB (tenor) (n)oh c¢c —131 21-22 2812 
sa e>» —156 18 2801 

ma f= —185 16 2960 Aver- 

« @-—2200 13 2360 age 

c’ —262 11 2878 fre- 

. e’b—311 10 3111 | quency— 

: f'2—370 8-9 3145 2921 

- b'y—466 6 2797 








BARTHOLOMEW 


This same thing can be duplicated scores of times 
from our records. 

Classical harmonic analysis, based as it is on 
arbitrary assumptions regarding the nature of the 
curve, does not tell the true story of the type of 
vibration present in a tone containing an 
inharmonic or even a damped harmonic com- 
ponent, as has been emphasized by Scripture and 
others, since it spreads the energy contained in 
such a component over several harmonic pitches. 


Fig. 2, a and b, shows the spectra of two syn- 
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thetically drawn curves. a is from the analysis of 
a curve containing nothing but a damped 4th 
partial. b is from the analysis of a curve con- 
taining nothing but a logarithmically damped 
12th partial. The spreading effect is very evident. 
In spite of this, however, it is equally evident 
that the harmonic technique can be used quite 
effectively in locating the midpoint or ‘‘center-of- 
gravity’ of a formant region, particularly in 
statistical work averaging many records, and 
particularly in work on singing quality, where the 
relatively long sustained tone is much more the 
rule instead of the exception as in speech. Thus in 
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Fig. 2c, which is a composite spectrum secured 
by averaging the amplitudes of the harmonic 
components of wave forms from good male voices 
singing ‘‘oo’’ on Middle C, the presence of a low 
formant close to 500 cycles, and a high formant 
close to 2800, is clearly indicated. 11 wave forms 
were selected from the records of five good voices 
for these analyses in order to average out timbre- 
variations due to the vibrati. 

But it must not be forgotten that a harmonic 
relation is not necessary between the formant 
frequency and the fundamental frequency of the 
cord tone. The high formant seems rather to be 
produced by a forced, shock-excitation of a 
resonant cavity, which is more or less damped 
during the period between two successive glottal 
puffs. Usually this high frequency is so prominent 
in the wave forms that it can be counted visually 
with ease. It has been found in records secured 
from two recording systems which were quite 
different in structure and characteristics from 
microphone to vibrator. And yet a search of the 
literature has failed to reveal any quantitative 
mention of it, with the exception of Helmholtz’s 
observation (without apparatus) of ‘‘dissonant 
upper partials in the region for which our ear is so 
sensitive.’”” However, Helmholtz considered this 
as “simply a characteristic of strained voices.” 
An excellent acoustics text published within the 
last year reprints a spectrum of a bass voice 
completely lacking in this one characteristic 
which appears to be so typical of all good male 
voices, and even present in appreciable amounts 
in poor ones. The reason the dominance of this 
high formant and its relatively narrow limitation 
toa certain frequency region have apparently not 
been noted by other investigators is due either to 
frequency limitations in their recording appa- 
ratus, or perhaps to the fact that they have used 
‘typical speakers.’’ The typical speaking voice of 
the majority of individuals is produced with the 
throat in its normal position of relative con- 
striction, which will lessen the amount of this 
high formant, whereas the singing voice is in 
this’respect atypical, being generally produced 
by an enlarged and stretched throat. 

The universal presence of this formant in at 
least moderate amounts, under all conditions of 
vocalization in the male voice (except the pure 
falsetto “‘oo’’), points to a physiological structure 


of cartilaginous or even bony nature, incapable 
of the manifold and large changes of shape which 
most of the vocal organs can undergo. The only 
two such relatively constant structures which 
might be causing it are the nasal-head cavities, 
and the laryngeal chamber itself. The first of 
these has been ruled out by various consider- 
ations, the most conclusive of which is that with 
skill one may learn to lift the soft palate (velum) 
so as to close off completely the air-entrance to 
this nasal-head cavity, as may be demonstrated 
with a stethoscope applied to the nostril while 
singing, without appreciably changing the qual- 
ity of the sung tone. This tone, when photo- 
graphed, still shows the high formant, apparently 
as strong as ever. And besides, it is difficult to 
imagine how the narrow, irregular, and more or 
less soft-walled passages of the nasal-head system 
could be responsible for such strong resonance at 
such a high frequency. 

This leaves only the larynx as the source of 
this ever-present frequency. Beyond doubt, the 
larynx itself is responsible for its generation, 
probably by acoustic reflections between the 
rima glottidis (the slit between the stretched cords 
at the bottom of the laryngeal chamber), and the 
top rim of the laryngo-epiglottal funnel (the rim 
formed by the top edges of the epiglottis and the 
aryteno-epiglottal fold). Euler, Willis, and others, 
in describing the act of phonation according to 
the glottal puff theory, which appears to be by 
far the most tenable theory of cord action, have 
explained how the vocal cords open explosively 
for a small fraction of the period of each funda- 
mental vibration, emitting a sharp puff which 
travels with the velocity of sound to the mouth of 
the tube or funnel, where an echo of the pulsation 
will be formed which will run back again to the 
bottom (now closed by the touching cords, 
provided the cord-action has been explosive 
enough). Here it will “be reflected and again 
present itself at the mouth where a new echo will 
be produced, and so on in succession till the 
motion is destroyed by friction and imperfect 
reflection.’’ This will result, says Willis, in the 
propagation of a succession of condensations and 
rarefactions, at intervals corresponding to the 
time required for the pulse to travel down the 
tube and back again. In other words, a short 
burst of the musical tone corresponding to a 
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stopped pipe of the length in question, will be 
produced. 

Willis was considering the whole pharynx, 
however, and apparently did not realize that the 
larynx itself could act as a pipe within a pipe, and 
(if its walls and rim were sufficiently stretched so 
as to minimize the damping, and perhaps with 
the resonating aid of the ventricles) even have a 
dominating effect on the wave form, since it is 
the first resonator to affect the cord-tone. When 
the throat is allowed to relax and become 
constricted, several things happen. The epiglottal 
tissues being no longer stretched, the aryteno- 
epiglottal rim becomes indistinct. The walls 
become softer. In addition, because of the 
disposition of the parts, the explosiveness of 
cord-opening lessens. In other words, the cords 
are open for a longer fraction of the fundamental 
period. If the cords do not close soon enough, the 
reflective power of the bottom of the larynx is 
greatly weakened, and the ‘2800’ waves re- 
turning downward from the rim are met by an 
upward air-puff instead of a resisting surface. 
The ideal condition would perhaps be a near- 
instantaneous opening of the glottis to release a 
sharp and powerful compression wave, and an 
immediate closure of the cords to enable this 
compression wave to “echo” back and forth 
between the open rim-end and the closed bottom 
as a free, slowly-damping vibration of the air 
enclosed between the tensed walls. Actually, the 
glottis does not have to be perfectly closed each 
time after its opening in order to obtain the 
explosive action. It suffices that it oppose 
sufficient of an obstacle to the air to develop its 
elasticity, and a sufficiently closed bottom wall 
to make reflection of ‘‘2800’’ possible. When the 
throat is constricted, not even this condition 
holds. The sudden explosiveness of cord-action is 
lessened, the rim becomes indistinct, and the 
walls lose their tenseness. The result is that the 
effect of the short inside “‘pipe’”’ lessens; i.e., 
there is a lessened production and a quicker 
damping of ‘‘2800.’’ The outer pipe, from the 
cords to the curve of the tongue or even to the 
mouth, becomes the dominant factor. However, 
the pitch of this outer pipe—the Jow formant 
previously described—is then higher than in good 
tone-production, in which the larynx is pulled 
downwards. This lowering of the larynx increases 





the size of the lower throat, as is illustrated by 
the characteristic lowering of the low formant for 
good tones. 

Convincing proof that the high formant is 
produced in the larynx itself is shown in Fig. 3. 
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This is an oscillogram of the tone produced by 
blowing a completely excised larynx. For our 
purpose, the larynx of an animal, or even for that 
matter a mechanical larynx, serves almost as well 
as the human one, since we are here dealing 
merely with the phenomena of acoustic reflection, 
and whatever differences are present are more 
differences of degree than of kind. This record is 
from the larynx of a calf, and although the shape 
and dimensions of the calf-larynx are different 
from the human one, the differences are not so 
marked as to invalidate the testimony of this 
curve, in view of the striking parallelism in type 
between its damped high frequency and the 
similar phenomenon at 2800-2900 in the human 
voice curves. The cord-tone (fundamental) is 
represented by the frequency of the cycle-groups, 
and the damped high frequency within each 
cycle-group corresponds to “2800.” (The lower 
curve is a timing-wave.) It seems quite certain 
that a similar frequency would be secured by 
blowing an excised human larynx, although it has 
not been possible to verify this as yet. This 
photograph is interesting in its lack of any low 
frequencies, showing the absence of the effect of 
the pharynx and other higher-placed resonators, 
which in the good male voice bring in 2ds, 3rds, 
Aths, etc. It is difficult to avoid the conclusion 
that ‘‘2800"’ is produced immediately above the 
cords, probably in the manner outlined above, 
and before the low formant and the vowel 
characteristics are added to the tone, and 
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certainly before any ‘‘head resonance”’ can have 
its effect. 

The length of a stopped pipe which would give 
the tone of 2800 cycles would be approximately 3 
cm. Although it is difficult to decide where the 
laryngeal pipe ends, with the epiglottis making 
one side longer than the other, with the promi- 
nence of the aryteno-epiglottal rim depending on 
the degree of stretching, and with the almost 
indeterminable effect of the ventricles, still it is 
within the range of possibility that its effective 
length is about 3 cm. In this connection, it is 
worthy of note that the length of the ear meatus 
is also about 3 cm, and that Helmholtz originally 
reported the ear as being unduly sensitive to the 
range (roughly) from 2640 to 3168 cycles, because 
of meatus resonance. Also, A. B. Wood has 
pointed out that the meatus, regarded as a closed 
pipe of effective length about 3 cm, has a resonant 
frequency about 2700 cycles. Although the 
results of audiograms secured by the Bell 
Laboratories do not appear to show a marked 
sensitivity at this point, the trough of their 
“threshold-of-audibility”’” curve, when the curve 
is considered as a whole, seems not far displaced 
from this region. For that matter, several 
threshold-of-audibility curves have been pub- 
lished, based on different sets of data, which do 
not entirely agree as to the position of the trough. 
Considering them all, the trough is evidently 
between 1000 and 4000 cycles, but it would seem 
difficult to say just where between these two 
points it should come, in view of the relatively 
low curvature, and in view of the fact that the 
curves have been smoothed. 

It is conceivable then that the better the voice, 
other things equal, the stronger does it make the 
high formant, and the more accurately and 
consistently does it center it around the center 
of the meatus resonance region. Fig. 4 shows how 
close this centering is for a good baritone, 
averaging the results of 41 records, using four 
vowels over the pitch range indicated. The 
shaded portion represents the area included 
between Helmholtz’s roughly-determined bound- 
aries of meatus resonance (2640-3168). 

In the case of a promising student with an 
“excellent natural voice,” the high frequency 
was markedly prominent throughout a series of 
24 records (4 vowels on 6 pitches), and was 
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contained within the boundaries of 2640 and 3145 
cycles, with an average at 2839. These figures, 
which seem too good to be true, were determined 
from a rough visual analysis, and tabulated, 
before the striking coincidence was noticed be- 
tween them and Helmholtz’s figures for the ear. 

However, since the high formant is determined 
by the dimensions of the larynx itself, it is not 
surprising to find its pitch at least fairly constant 
in all voices, good and bad, although its promi- 
nence usually varies with the excellence of the 
voice. It would seem to be more than just 
coincidence, that the condition of the throat that 
makes possible a loud, full, “round” tone- 
production with minimum strain to the singer, 
should produce precisely that tone which, at 
least during a part of the vibrato-cycle, contains 
such a large amount of energy (sometimes well 
over 50 percent) in the relatively narrow fre- 
quency region for which his, and the listener’s, 
ear is most sensitive. One is tempted to draw 
some interesting evolutionary conclusions.’ 

It must be borne in mind, however, that 
“2800” is not the sole, nor even the most im- 
portant, determinant of good quality. Voices 
which possess it at the proper point and even 
which possess it in large degree, may still be of 
poor quality due to the lack of a suitable vibrato, 
of a low enough low formant, or of sufficient 
power. If these latter are present, the addition of 
a strong high frequency at the point for which the 
hearer’s ear is most susceptible will have the 
effect of adding a very desirable “‘ring’’ or 
brilliance. 

Additional corroboration of the reality of this 
high frequency is to be found in the fact that in 
good voices, which have considerable energy at 


2 It has also been reported that dogs are peculiarly sensi- 
tive to e’’’’, which is close to 2800. Perhaps this is why they 
frequently howl when hearing singing. 
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this point, a slight peaking is sometimes found 
around 5700 cycles, showing that when the 
larynx pipe is energized strongly enough, its 
natural octave begins to appear. Fig. 5 has been 
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selected to illustrate this. It shows the spectrum 
of a wave selected from that phase of the vibrato- 
cycle when the high formant was most prominent, 
and is from a baritone with a very good tone- 
quality, singing ‘“‘(n)oo’”” on Middle C. The 
shaded portion represents Helmholtz’s roughly- 
determined region of meatus resonance. The 10th 
and 11th partials appear to carry the bulk of the 
high frequency energy here. Remembering that 
the harmonic analysis has spread a single damped 
component over several harmonics, we would 
estimate its frequency to lie between the 10th 
and 11th partials, probably near the 103 point. 
The octave of 103 would be 21, and at the 21st 
partial we see a slight peaking. The effect is never 
marked, but appears in a sufficient number of 
spectra to warrant mentioning. If the above 
explanation is correct, however, it is evident that 
the larynx is not following the laws of simple 
stopped pipes whose length is large in comparison 
with their width, because the first natural over- 
tone of such a pipe is the 3rd partial, giving the 
musical interval of a perfect twelfth. Perhaps the 
irregular shape of the larynx or its branching 
ventricles are in some way responsible for the 
introduction of the octave. 

Fig. 6 illustrates the four characteristic attri- 
butes of good quality. A good tone and a poor 
one were produced by a baritone voice. a and b 
are from the good tone, and c and d from the poor 
one. a and J, and also c and d, have been selected 
approximately 1/13 second apart in order to 
indicate the timbre change between extremes of 
the vibrato cycle. A 500 cycle timing wave is 
visible also. Notice in this figure: first, the lack of 
the timbre-vibrato in the poor tone (the wave 
forms c and d being quite similar, and a and b 


quite different); second, the greater intensity of 
the good tone, indicated by the greater ampli- 
tude; third, the fact that the low characteristic, 
which is a third partial in the poor tone, has 
lowered to a second in the good one; and lastly, 
that the high frequency, which is quite marked in 
the good tone, is almost completely absent from 
the poor one. . 

These tones were sung on e’)—311 cycles, so 
that the third partial in the poor tone falls at 933. 
There is some evidence to indicate that the 
presence of any considerable energy in the region 
around say 900-1500 cycles, when supported by a 
strong /ower resonance, gives a tenorish quality to 
the voice, but when not so supported gives it a 
distinct ugly quality. 

Investigations on the female voice have indi- 
cated the same four tendencies that have been 
noted in the male voice, with the exceptions that: 
(1) the high formant centers still higher, perhaps 
around 3200 cycles, corresponding to a somewhat 
smaller larynx; and (2) some types of tone with 
much smaller percentage of high formant are 
accepted as good. The coloratura type will 
sometimes have practically no high formant at 
all, but is called good precisely because of its 
purity, and also because of its agility. As a 
matter of fact, in women there is a marked 
tendency for the high formant to drop out at 
some point as the pitch rises. It would seem that 
in women a much larger part is played by the 
light ‘“‘head-voice’’ register which corresponds to 
the ‘“‘falsetto’’ in men, and in which the cords 
are more bowed than used explosively as reeds. 
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Stork’s experiment (reported by Scripture), 
shows that if the larynx be illuminated below the 
cords by a light through the neck, and be 
observed with a laryngoscope, the light is seen in 
increasing brightness through the cords as the 
pitch rises until in the head register there seems 
to be only a thin membrane in front of it. This 
shows that in high tones the time of closure 
diminishes in comparison with the time of 
opening, or in other words the explosiveness is 
lost. As this occurs, the high formant drops out, 
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the vibration tending toward a sinusoidal form. 
If this tone lacks a satisfactory vibrato, it can 
become very objectionable indeed, especially if 
sustained at a high or loud pitch. 

This paper has necessarily been limited to the 
physical and physiological aspects of the problem. 
A fuller presentation of the physiological impli- 
cations, and a discussion of the pedagogical 
principles involved in such matters as the so- 
called “‘placement,’’ nasality, registers, etc., will 
be published elsewhere. 
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Certain Anomalies in the Theory of Air Column Behavior in Orchestral Wind 
Instruments 


JoHN REDFIELD, Fairfield, Connecticut 
(Received May 7, 1934) 


HE usual procedure in investigating the 

composite tone of an orchestral wind 
instrument is first to set up the differential 
equation of air particle motion in a tube, assum- 
ing that the particle displacement is a sinusoidal 
function of the time, and then to examine the 
effect upon that motion when one of the ends is 
respectively open or closed. It is also assumed 
that the pulses are plane in a cylindrical tube and 
spherical in a tube that is conical. Then by 
appropriate integration it is discovered that 
only odd partials of the fundamental can be 
present in a cylindrical tube closed at one end 
and that both odd and even partials are present 
in an open cylindrical tube and in a conical tube 
either open or closed at the smaller end. 

Now in the case of orchestral instruments, 
there is a wide departure in fact from the simple 
theory just given. When, for example, the tone 
of the clarinet, an instrument alleged to be a 
cylindrical tube closed at one end, is examined 
experimentally, Professor Miller finds all even 
partials present to the twelfth and the twelfth 
partial to be most prominent of all. Fletcher 
corroborates this view to the extent of reporting 
the presence of all even partials above the fourth 
to the twelfth, the tenth having about one-half 
and the eighth about one-third the amplitude of 
the fundamental. 

Obviously, either the mathematical theory will 
have to be modified or the experimental findings 
ignored by anyone willing to face the problem 
frankly. If the presence of even partials in a 
clarinet tone is to be retained as credible and the 
mathematical theory is held as inapplicable in 
consequence, it becomes necessary to examine 
the assumptions upon which the untenable 
theory is founded. 

In the first place it is, of course, not true that 
the clarinet is a cylindrical tube. The clarinet is 
approximately cylindrical below the mouthpiece 
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to within about 8 or 9 inches of the lower end. 
But these lower 8 or 9 inches flare out in what is 
approximately the section of a paraboloid of 
revolution, the diameter at the end of the bell 
being about four times that of the cylindrical 
portion. The mouthpiece is quite irregular in 
shape but tapers nevertheless to a wedge-shaped 
point after the manner of a cone. And at about 
an inch and a quarter from the mouthpiece tip 
there is a pair of offsets in the mouthpiece walls 
constricting suddenly the cross-sectional area by 
perhaps 25 percent. Moreover, some makers 
build their clarinets with a decreasing bore for 
about the first 5 inches downward from the 
mouthpiece. Thus it is a wide departure from 
facts to say that the clarinet is a cylindrical tube 
in the mathematical sense implied in the theory. 

It is even further from the facts to say that 
the clarinet is closed at the mouthpiece end. It is 
almost universally believed that the clarinet 
reed completely closes the air-slit between it and 
the mouthpiece at the instant when the reed 
reaches its most advanced position. Even 
Blaikley, quite probably the best informed person 
in the world on orchestral wind instruments, falls 
into the error of making this statement. And yet 
the statement is unquestionably erroneous. The 
clarinet reed never entirely shuts off ingress of 
air into the mouthpiece while the instrument is 
sounding. Whenever, from excessive pressure of 
the breath, the reed does entirely close the open- 
ing into the mouthpiece, the reed thereafter 
remains in permanent contact with the mouth- 
piece, the air supply to the instrument is thus 
terminated and the tone ceases. There really 
need be no mystery about the action of the 
clarinet reed. It is nothing more or less than an 
intermittent valve governing periodic ingress of 
air into the instrument. But whatever else the 
reed does or fails to do, it indubitably does not 
close the mouthpiece end. 


VI 


ANOMALIES IN WIND INSTRUMENTS 35 


That this is the case is readily shown by a few 
minutes use of the stethoscope in examining the 
neck of a person blowing the clarinet. Every 
frequency imposed upon the atmosphere sur- 
rounding the instrument is likewise imposed 
upon the air confined within the buccal, pha- 
ryngeal, laryngeal and pulmonary cavities of the 
player. And this could not possibly occur if the 
pulse constituting the tone extended up the 
clarinet no further than a mouthpiece which was 
closed by the reed. 

It is perhaps worth while to ask what is 
meant by saying that a tube is closed at one end. 
Obviously it can mean nothing else than that a 
node is formed at that end because of the fact 
that the air particles cannot escape from that 
end, and that reflection without change of phase 
is thereby effected. But the air particles do 
escape through the mouthpiece into the player’s 
air cavities, reflection with change of phase is 
effected and even numbered partials are thus 
introduced into the harmonic structure of the 
tone produced. 

With the exception of the flute every wind 
instrument of the orchestra is a doubly open 
tube in the sense that an antinode exists at the 
mouthpiece end with approximate constancy of 
air pressure there and with consequent establish- 
ment of pulses of identical frequency inside the 
air cavities of the player and instrument and 
outside of the instrument. The flute also forms 
an antinode at the mouthpiece but use of the 
stethoscope does not make clear whether the 
pulses there formed extend thence into the 
respiratory tract of the player. 

Recognition of the fact that the clarinet along 
with all other orchestral wind instruments is open 
at both ends accounts for the presence of even 
numbered partials in the tone of the clarinet, 
although it does not account for the surprising 
intensity of the twelfth partial, nor for the fact 
that the second and fourth partials are relatively 
weak as compared with the first and third. No 
satisfactory explanation of this situation can be 
offered at the present time. It is possible, how- 
ever, to point out several factors which might 
very reasonably contribute to the situation in 
greater or less degree. (1) It will be recalled 
that the offsets in the mouthpiece, some inch and 
a quarter from the tip, provide a constriction of 


the air column of the order of 25 percent. As 
G. W. Stewart has stated, “It is impossible to 
change the area of a conduit without introducing 
reflection.” It is scarcely conceivable that a 
constriction of this magnitude could fail to 
introduce reflection without phase change and 
thus lead to a strengthening of the lower odd 
partials, although the importance of this in- 
fluence is yet to be assessed. (2) It is likewise 
certain that the filtering effect of the tone-hole 
air-pockets must have an important influence on 
the relative amplitude of the several partials in 
the composite tone, although here again it is 
impossible at the present time to evaluate the 
importance of this factor. (3) It is also patent to 
anyone familiar with the clarinet that the reed 
has a very important influence upon the tone 
produced. Now the clarinet, considered as a 
resonant system, is, of course, a coupled system 
consisting of the natural frequency of the air 
column on the one hand and the stiffness of the 
reed on the other. But as compared with the reed 
of the saxophone, an instrument providing 
stronger even partials than the clarinet, the 
clarinet reed is relatively much stiffer at a given 
distance from the tip than the saxophone reed. 
This would probably tend to make it less easy 
for the clarinet reed to divide into two vibrating 
segments of double frequency than to form three 
such segments, with a corresponding emphasis of 
the third partial as compared with the second. 
This view is strengthened by the fact that a 
saxophone can be made to overblow a twelfth 
instead of an octave by providing it with a reed 
of sufficient stiffness at the base. (4) It was said 
that the resonating clarinet is a coupled system. 
It would be nearer the truth to say it is a trebly 
connected system the natural frequency of the 
player’s respiratory tract being the third member 
of the system. But the influence of this third 
member is entirely unknown at the present time. 

Here, then, are four factors which may in- 
fluence in some degree the relative amplitudes of 
partials in clarinet tone: (1) reflection without 
phase change at the mouthpiece induced by the 
offset in the mouthpiece throat; (2) the filtering 
effect of the tone-hole pockets; (3) the effect of 
the reed’s stiffness; and (4) the influence of the 
natural resonant frequency of the player’s re- 
spiratory tract. 
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It might be objected that viewing the clarinet 
as a doubly open tube makes it impossible to 
account for the fundamental pulse length 
produced by the instrument. The answer is that 
the fundamental pulse length of none of the 
orchestral wind instruments corresponds to the 
lengths called for by elementary theory. The 
conventional theory is that the clarinet produces 
a pulse four times the length of its tube and 
other orchestral wind instruments twice the 
lengths of their respective tubes, when the end 
corrections have been taken into account. But 
the Bb clarinet measures 26.25 in. exclusive of 
both end corrections and produces a fundamental 
pulse 92 in. long; 3.5 times instead of 4 times its 
tube length. The Bb soprano saxophone is 27 in. 
long exclusive of end corrections and produces a 
pulse of 65 in.; 2.4 times instead of 2 times the 
tube length. The oboe is 25.75 in. long and 
produces a pulse of 58 in.; 2.3 times instead of 
twice its tube length. The bassoon is 100 in. long 
and produces a pulse of 232 in.; 2.3 times instead 
of twice its tube length. 

Similar discrepancies between fact and theory 
are found in the brass instruments when they are 
carefully measured. The discrepancy for the 
clarinet becomes still greater, about 17 percent 
in all, when an end correction is added at the 
bell end only; the end correction at the mouth- 
piece is, of course, unknown. When end correc- 
tions are added for the flute, remembering that 
the blow-hole is only about 35 percent the area 
of the cross section, the discrepancy comes 
perhaps within the limits of experimental error. 
But the saxophone, oboe and bassoon still 
produce pulses from 15 percent to 20 percent 
longer than they are capable of doing according 
to theory, the error for the bassoon amounting 
to some 30 in. in pulse length. These errors are 
too great to warrant confidence in the conven- 
tional theory. Upon the whole it is perhaps no 
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more difficult to account for fundamental pulse 
length upon one theory than upon the other. 

Perhaps it is worth while to point out some of 
the factors which may conceivably influence 
pulse length but which are as yet entirely ignored 
in conventional theory. It is tacitly assumed that 
flaring tube walls have no influence upon pulse 
length except for the entirely negligible one of 
difference between slant and axial length; that 
the pulses of the saxophone, oboe and bassoon 
are spherical rather than plane; that the adiabatic 
factor of sound velocity is unaffected by the fact 
that a very narrow air column is confined within 
metal or wooden walls; that viscosity has no 
influence upon acoustic resistance in a narrow 
tube, whether cylindrical or tapering; that eddy 
motion of the air near the walls does not exist 
or is without effect on sound velocity if it does 
exist; that the inertance of air confined in a 
narrow tube, whether cylindrical or tapering, is 
the same as for free atmosphere; and that the 
natural frequency of the player’s respiratory 
tract is entirely without influence upon the 
frequency produced by the instrument. 

Now it is possible that all these tacit assump- 
tions are quite justified. But they are as yet unes- 
tablished and until they have been established it 
cannot be held that they are without influence 
on the velocity of pulses within the air column of 
the instrument and, thus, that the length of pulse 
produced is sufficiently accounted for elsewhere. 

Summarizing, then, two new points of view 
are here presented: (1) the air cavity within the 
respiratory tract of the player of any orchestral 
wind instrument except the flute vibrates with a 
frequency identical with that produced in the 
outside atmosphere; and (2) the clarinet, like all 
other wind instruments of the orchestra, is open 
at the mouthpiece end in the sense that an 
antinode is established there, with resulting 
reflection and change of phase in the sound pulse. 
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Discussion on the Design of a Rotating Mirror Oscilloscope 


R. F. MALLINA, Bell Telephone Laboratories 
(Received April 6, 1934) 


NE of the most instructive methods of 

demonstrating the characteristics of trains 
of sound waves, as of speech or music, is to 
project optically a corresponding wave on a 
screen. A cathode-ray oscillograph is admirably 
suited for such demonstration provided the wave 
is either steady or is to be viewed in short 
sections. If we wish to show the transitional 
states as well as the comparatively steady por- 
tions of such sound waves, we need to have pro- 
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Fic. 1. (a) Shows the path of the light ray in the vertical 
arrangement, (b) in the horizontal arrangement. 


jected on the screen a much longer section of 
the wave than can be obtained with the cathode- 
ray oscillograph. In this paper is described the 
construction of a simple portable oscilloscope 
with which relatively long trains of waves may 
be projected onto a screen so that they are 
visible to a group of people in an ordinarily 
lighted room. The various factors that should 
govern the design of such an instrument for 
maximum visibility of the wave will be empha- 
sized. 


J This oscilloscope has a vibrating mirror driven 
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electrically from a microphone and amplifier, and 
a scanning mirror system rotated at a uniform 
speed. The general arrangement of these mirrors 
and the screen is shown in Fig. 1 and is the same 
as that commonly used in vibrating mirror 
oscillographs. There are two principal forms in 
which a rotating mirror oscilloscope may be 
built. They are shown in Fig. 1. The vertical 
arrangement is preferable from the point of 
view of compactness, but unless the screen has a 
cylindrical form the axis of the wave traced by 
the spot of light on the screen will be distorted 
into an upwardly concave arc which may become 
objectionable where a wide screen is to be used. 
With the horizontal arrangement of Fig. 1 (0) 
this distortion is avoided. Theoretically the 
screen should be spherical in both arrangements 
to keep the light spot at all times in focus. 
However, since the distance from the vibrating 
mirror to the screen is large as a rule the 
change of focal length is small and cannot be 
noticed. 


THE SCANNING MIRROR 


Although the principle of an oscilloscope is 
quite simple, the function of the rotating mirror 
is sometimes not clearly understood. It will, 
therefore, be described briefly. 

Assume for the moment that we have only 
one mirror on the rotating mirror assembly and 
that the vibrating mirror has a sinusoidal motion. 
As the beam of light reflected from the rotating 
mirror is passed across the screen we see a sine 
wave projected. The length of the visible wave 
will depend on the angular velocity of the 
rotating mirror. If the angular velocity is such 
that the entire width of the screen is traversed 
in 1/16 of a second, then we see the wave extend 
over the whole width of the screen, since the 
average time of persistence of vision is about 
1/16 of a second. If the velocity is less than 
this, say the light beam covers only } of the 
screen in 1/16 of a second, the length of the ob- 
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served wave is } of the width of the screen and 
we have the impression that this short section 
of a wave sweeps across the screen. 

In case of speech or music we are, in general, 
dealing with waves that are not steady but 
which vary continually with time. The traces 
produced by succeeding mirrors in the mirror 
assembly can therefore not be superposed and if 
not more than a single trace on the screen is to 
be perceived at a time, not more than one must 
be projected during 1/16 second time interval; 
on the other hand if the number of traces pro- 
jected per second is much less than 16 a dis- 
agreeable flicker will be noticed. 

The question most frequently asked by persons 
observing an oscilloscope wave for the first time 
is what does one actually see on the screen. Is it 
a wave such as one would see by observing the 
groove of a phonograph record passing under a 
microscope or is it something else? Probably the 
easiest way to simulate a rotating mirror oscillo- 
scope is to divide such a phonograph groove 
into lengths, corresponding to 1/16 of a second 
and photograph by means of a motion picture 
camera each succeeding length on each succeed- 
ing frame of the film. When the film is then run 
through a motion picture projector we see the 
same type of wave changes as we would see on 
the oscilloscope; i.e., we do not see a wave 
bodily and continuously travelling across the 
screen like a phonograph record turning under a 
microscope but we see the wave in sections, each 
corresponding to a time interval of about 1/16 
of a second. In other words, what we see on the 
screen at a given instant is what has happened 
in the last 1/16 of a second and the wave we 
see in that instant is stationary and not moving 
across the screen. 

The question is now, how many mirrors do 
we need on the rotating mirror assembly? With 
one mirror it is obvious that the screen is dark 
most of the time. If we increase the number of 
mirrors and make a polygon of 5, 10 and 20 we 
find that the flicker caused by the change from 
a dark screen to a projected wave and vice versa 
disappears gradually. The correct number of 
mirrors is that which brings on the screen the 
pencil of light reflected from one mirror at just 
the moment when the one previously projected 
leaves it. 
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The height of the mirrors to be used is de- 
termined from the geometry of Fig. 1, as is also 
their width, if we specify the loss in illumination 
we are willing to tolerate at the ends of the 
screen because of the cutting into the pencil of 
light by the edges of the mirrors during rotation, 


THE OpTiIcAL SYSTEM 


In choosing the optical system it is most im- 
portant to get the maximum amount of light 
on the screen for a given intensity of the light 
source and size of image. The simplest and most 
efficient arrangement is obtained by the use of a 
concave vibrating mirror, which brings the light 
source into focus on the screen. 

In order to determine the focal length of the 
mirror we first must choose the size of pro- 
jected image desired on the screen. This depends 
upon the highest frequency we wish to resolve. 
Let us assume that we want to be able to see 
3000 cycles on a screen 36 inches wide across 
which the beam of light is swept in 1/16 of a 
second. There the wave-length on the screen 
would be approximately 0.2 inch. A 3000- 
cycle wave would then be fairly well resolved if 
the image width is about 0.1 inch. 

Experience shows that for speech and music 
the most satisfactory wave on the screen is one 
where the average slope is comparatively steep, 
say about 70 degrees. This being the case, we 
may choose an image of considerable height, for 
instance, four times the width. In this way we 
get more light on the screen than we would 
with a square or round spot. 

The 32-candle power automobile head light is 
a convenient source having these proportions. 
The height of the filament of this lamp is § inch 
and its width is 1/32 inch. Since we decided that 
we should have a width of light spot on the 
screen of about 1/10 inch or say § inch our 
optical magnification should be 4. 

We started out to assume a screen width of 36 
inches and image width of } inch and a filament 
width of 1/32 inch. Now there is one more 
requirement which we must mention. This is 
the sweep angle 2a (see Fig. 2). If we wish to 
make the screen visible to a large group of 
persons the screen should be substantially flat 
or, at most, slightly concave. To keep the image 
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Fic. 2. (a) Shows the limiting condition for sweep 
angle 2a, (b) the solid angle subtended at the screen and 
(c) the limiting condition for the mirror tilting angle 0. 


in focus on a flat screen we find that the sweep 
angle 2a cannot be very much greater than 
about 36°. There are therefore given the follow- 
ing values: S, We, W, and a (see Fig. 2). From 
the relation E= By we get Eq. (1) 


E=16Bm*(tan a/S)? (1) 


where E is the illumination or the flux per unit 
area of the spot, B is the brightness of the light 
source and y the solid angle subtended by the 
mirror at the screen. Here we see that the only 
means we have to increase the illumination is to 
use a brighter light source and a larger mirror. 
It can be shown that no other optical system 
can increase the efficiency beyond that obtained 
by a single lens or a concave mirror. 

Assuming now that we use a single concave 
mirror for the optical system we get the distance 
D, between light source and concave mirror and 
the magnification M from Eq. (2) and the focal 
length f from Eq. (3). 


W./Wi= (C+B)/D,=D.2/D\= M, (2) 


From Fig. 2 (a) it is apparent that the sweep 
angle 2a is a limiting condition. From Fig. 2 (c) 
we can see that there is another limiting con- 
dition imposed by the angle @ through which 
the mirror oscillates and the maximum double 
amplitude of the projected wave, x. This ampli- 
tude was assumed to be 10 inches. If the angle 
9 is too great we set up mechanical stresses in 
the drive and get distortion. Eq. (4) shows that 
the illumination is again a function of the 
brightness and the mirror area, this time ex- 


pressing it as a function of angle @ and ampli- 
tude x. 


E=16Bm?(tan 20/x)*. (4) 


It was found that, assuming the sweep angle 
2a to be the limiting condition, @ is sufficiently 
small so as to cause no excessive stresses, or in 
other words the limiting condition is a rather 
than @. 

In order to facilitate the choice of variables 
mentioned in the above equations they were 
plotted for a number of focal lengths as shown 
in Fig. 4. Four boundaries limit De and Hs. 
The first one is the resolving power of the eye 
(R) which limits the ratio of the size of the 
image to the distance D2. For a given image 
there will be a distance D, beyond which the eye 
cannot resolve the high frequencies. 

The second boundary is the ratio of the 
maximum amplitude X of the projected wave to 
the height of the image H»2. If the size of the 
image relative to the amplitude is too large the 
high frequencies will not be resolved. 

The third boundary is the minimum distance 
Dz, between vibrating mirror and screen. In 
general the limit for Damn. is the distance 
at which the size of the oscilloscope begins to 
be large as compared with the size of the screen, 
thereby obstructing the view. 

A boundary which is more difficult to establish 
is the maximum distance D,. This depends 
largely on the illumination in the room. In a 
dark room D»2 can be made quite large but in a 
light room the screen must be quite close to the 
oscilloscope to obtain a distinct wave. The curve 
E shows how rapidly the illumination decreases 
with an increase of Dz. 

It is well known that the image formed by a 
spherical mirror is astigmatic except for per- 
pendicular incidence. With both arrangements 
shown in Fig. 1 (a) and (0) the angle of incidence 
is quite large. A cylindrical lens may con- 
veniently be placed in the path of the light in 
such a position and of such focal length as to 
correct this astigmatism; an appreciable gain in 
definition is obtained thereby. 


THE VIBRATOR 


The driving mechanism for the vibrating 
mirror of a portable oscilloscope should be 
rugged, free from resonances, free from vari- 
ations with atmospheric conditions and capable 
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Fic, 4. (a) Front view of vibrator, (b) cross section, (c) tie connecting mirror and diaphragm 
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of imparting sufficient angular motion to the 
mirror. A modified form of the moving coil 
microphone by Wente and Thuras' satisfies 
these conditions most ideally. The application of 
this type of drive is shown in Fig. 4. The mirror 
is mounted along its axis of spontaneous rotation 
on a thin shaft supported in jewel bearings and 
is driven at the center of percussion. See Fig. 
4 (c) and (e). With the mirror mounted in this 
manner the possibilities of resonant vibrations 
are reduced. To reduce further the possibilities 
of such vibrations the mirror is made semi- 
circular at the driven end. 

In order to obtain a maximum efficiency of the 
drive it is necessary to determine what dimen- 
sions the driving coil has relative to the size of 
the mirror. 

A convenient expression for the efficiency 7 
(at a given frequency) is 7?=x?/7?R where x is 
the amplitude of the mirror displacement, 7 the 
maximum current which the coil will stand and 
R the resistance of the coil. At high frequencies 
the device is mass controlled and we have then 
the relation 


Blu= wx(MitM,), (5) 


where B is the flux density, / the length of the 
coil, w/2a7 the frequency, MM, the mass of the 
diaphragm and coil and M,, the effective mass 
of the mirror at the point where it is driven. 
Assuming then that in changing one dimension 
we change all other dimensions in proportion, 
the efficiency is 


n= Cr/(kir’+Mn), (6) 


where C and k, are constants, kyr’= My, and r is 
the radius of the coil. This equation shows that 
» is a maximum when k,*= M,, in other words 
when the effective mass of the diaphragm and 
coil is equal to the effective mass of the mirror. 

Assuming now that we need a certain displace- 
ment of the mirror to obtain a given displace- 
ment on the screen, we can calculate the size 
of the driving coil and diaphragm. 

It was mentioned before that the illumination 
on the screen is proportional to only two factors, 
the brightness of the light source and the solid 
angle subtended on the screen (E= By). In order 
to increase E it is conceivable that the vibrating 
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mirror might be brought very close to the screen 
thereby obtaining a larger y. This naturally 
would increase the sweep angle 2a (Fig. 2). 
Instead of using a rotating mirror we could have 
so designed the oscilloscope that the horizontal 
movement of the spot of light on the screen is 
produced by a bodily movement of the vibrator 
across the screen. 

If we want to determine whether the illumina- 
tion E increases with a decrease of the distance 
Dz we may argue as follows: The kinetic energy 
K of the mirror is [62/2 where I is the moment 
of inertia and 6 the angular velocity of the 
mirror and the illumination E is again By. 
For a square mirror J=k,A*? where k; is a 
constant and A the area of the mirror. It is 
assumed here that the ratio of mirror thickness 
to mirror area remains constant. The angular 
velocity 6 of the mirror is ke/Ds where Ke is a 
constant and D, the distance from mirror to 
screen. Solving these equations for the illumina- 
tion £ in terms of the distance D2, we get E 
= k;/Dz2*'®, This assumes that the kinetic energy 
K and the brightness B are to remain constant. 
In other words the closer the vibrator is brought 
to the screen the more illumination is obtained. 
However there are four factors which limit a 
shortening of the distance De. 

1. If De is not large as compared with the 
maximum amplitude traced on the screen the 
spot will not remain in focus. 2. As mentioned 
before the angle @ through which the vibrating 
mirror is tilted cannot be made very large with- 
out straining the tie connecting diaphragm and 
mirror. 3. The maximum amplitude of the 
vibrator is limited by the depth of the air 
chamber behind the diaphragm. 4. If a driver of 
a certain power capacity is assumed there will 
be reached a distance D2 where @ is so large 
that the coil will be burned out. 

With a moving coil drive as described in this 
paper the limiting factor is the amplitude of the 
diaphragm. It would be possible of course to 
drive the mirror with a larger leverage but as 
long as the axis of spontaneous rotation is to 
remain within the area of the mirror a sub- 
stantial increase of leverage cannot be obtained. 
The best that could be done would be to use 
the conjugate values of point of percussion and 
axis of spontaneous rotation. With the design 
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Fic. 5. Measured characteristic of vibrator. 


as described in this paper point 2 is not very 
close to a limiting condition since the angle @ is 
quite small. 

Point 4 is rather far removed from the limiting 
condition as long as the effective mass of the 
mirror is equal to the effective mass of the 
diaphragm assembly. 

But even if it should be possible to bring the 
vibrator close to the screen, the mechanism of 
moving the vibrator across the screen would 
greatly complicate the machine and was there- 
fore not considered in the final design of the 
oscilloscope. 

The driving structures may be designed to 
give either a constant velocity or a constant 
amplitude per unit of force over a wide fre- 
quency range. With a high quality microphone 
and amplifier, if the drive gives a constant 
velocity, the projected wave will represent the 
displacement of the air particles of the sound 
wave while if it gives a constant amplitude, the 
wave will represent the pressure. Although the 
latter may be of greater physical significance, 
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for demonstration purposes the former type of 
wave is generally to be preferred as it is more 
easily followed. The measured response of a 
vibrator designed for constant velocity is shown 
in Fig. 5. 

THE SCREEN 


The visibility of the wave is largely de- 
pendent on the reflection characteristics of the 
screen. The same conditions apply here as for 
a motion picture screen. When a maximum 
lateral angle of view has been decided upon, a 
screen should be chosen which reflects the 
maximum amount of light throughout this angle. 
With this type of screen an appreciably brighter 
image is obtained through the viewing angle 
than is the case where a completely diffusing 
screen is used. 

If the oscilloscope is to be used in a lighted 
room, a considerable gain in visibility is ob- 
tained if the screen is surrounded by a hood to 
shield it from direct rays. 


SUMMARY 


An oscilloscope designed on the above out- 
lined principles may be used in an ordinary 
lighted room for making distinctly visible sound 
waves of speech and music to a group of 20 or 
30 people. Of course when the room illumination 
is decreased the visibility is increased rapidly so 
that the wave may be observed by much larger 
groups. 
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VOLUME VI 


A Discussion of Sound Absorption Coefficients 


R. F. Norris, Burgess Laboratories 
(Received June 12, 1934) 


EVERAL articles have appeared in the liter- 

ature suggesting, either directly or indirectly, 
that the coefficient of sound absorption of a 
material, as measured by the usual measurement 
methods, is not constant but varies with the 
amount of material measured; that is, with 
smaller samples the coefficient of a material 
seems to have higher values than it does with 
larger samples. Several attempts have been made 
to explain this discrepancy and it has been laid 
at the door of edge effect, angle of incidence, 
sound pattern, etc. It has always been the 
writer’s opinion that the coefficient of a material 
had to do with the physical properties of that 
material and was independent of the amount of 
material tested. He may be in error in this but 
prefers to abide by the usual definition of coef- 
ficient. For example, Fig. 1 is reproduced from 
the minutes of a meeting of the American 
Standards Association. Let us consider the sound 
absorption at 500 cycles, 1000 cycles and 2000 
cycles of Type BBB celotex. If 12 square feet are 
tested, the coefficients are respectively 1.55, 1.50 
and 0.95. If 48 square feet are tested, the coef- 
ficients are 0.94, 0.85 and 0.63. If 125 square feet 
are tested, the coefficients are 0.60, 0.54 and 
0.40. And finally, if 192 square feet are tested, 
the coefficients are 0.44, 0.35 and 0.34. These 
series appeared to the writer to be very nearly 
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logarithmic in character and consequently they 
were plotted on semi-logarithmic paper. 

Fig. 2 shows this plot and it will be seen that 
the points lie very nearly on straight lines when 
plotted in this manner. From this plotting the 
rather ridiculous conclusion may be drawn that 
if 620 square feet of celotex BBB be tested at 500 
cycles, it will be a perfect reflector and not an 
absorber at all. However, if the test is to be made 
at 1000 or 2000 cycles, it will take only 500 
square feet of BBB celotex to be a perfect 
reflector. If this were true, it would provide an 
excellent method of lining our sound measuring 
chambers with a material which could be con- 
sidered 100 percent reflective. All that would be 
necessary would be to use a chamber of such size 
that its surface area is 500 feet and line it com- 
pletely with BBB celotex. 

A consideration of the above will indicate 
certainly that something is wrong with the 
measurements which produce such ridiculous 
results. Undoubtedly if we were more familiar 
with all the conditions that obtain in our sound 
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chambers, we would see at once the error in the 
measurements. Some time ago the author 
proposed a method of comparing the sound ab- 
sorption value of acoustical materials, which 
consisted of placing the materials in a sound 
chamber, generating a constant sound and 
allowing the source to speak until a constant 
intensity had built up. This intensity was then 
measured instrumentally and the standard ma- 
terial was replaced with the material to be 
measured. The difference of the value of the 
intensity with the standard material and with the 
material to be measured was an indication of the 
sound absorption of the material to be measured 
as referred to the sound absorption of the 
standard material at that particular frequency. 
As a matter of convenience, the sound intensity 
that would build up in the empty sound chamber 
was used as a check to see that the sound source 
had not changed during the series of tests. In 
this chamber a steady sound was used but the 
pattern in the chamber was broken up by a very 
large paddle; in fact, this paddle was so large that 
it just cleared the chamber’s walls in two dimen- 
sions. Tests of this type were made on a great 
many materials and at frequencies of 128 cycles, 
256 cycles, 512 cycles, 1024 cycles, 2048 cycles. 
The curves for the sound pressure squared were 
computed by the formula P?(A +a)=K, where A 
is the total surface absorption of the test room 
and a is the area of the test sample or is equiv- 
alent to the known units added. Two experi- 
mental values were used in computing these 
curves. The curves were plotted and the remain- 
ing experimental values were found to fall on 
the curves within the limits of experimental 
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error. This indicates that the coefficient of ab- 
sorption of the material tested did not vary 
with the size of the sample, and it will be seen 
from Fig. 3 that sample sizes from 1 to 16 square 
feet were used, but stayed constant irrespective 
of the change in the sample size. 

The author does not intend to say that this 
method of making sound absorption tests is 
ideal but that, if one has a standard sample 
whose value is definitely known or a sound 
chamber of which the total absorption is def- 
initely known, at all the frequencies at which 
tests are to be made, this method would be 
distinctly superior to any method which will 
give as surprising and incongruous results as 
those mentioned above. 
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VOLUME VI 


Experiments on the Senses of Touch and Vibration 


Louis D. GoopFELLow, Research Associate, Northwestern University 
(Received March 17, 1934) 


HIS paper, a summary of one that was read 

before the Convention of the Acoustical 
Society of America in Chicago last December, 
aims to review some of the research activities of 
the Robert H. Gault Laboratories. In the bibli- 
ography are references to the literature giving 
detailed data on each of the investigations men- 
tioned herein. Although our research program 
includes investigations of the social, educational 
and psychological problems of both the deaf and 
the blind, we shall confine this discussion to one 
project, namely, the development of apparatus 
and techniques for aiding the deaf to interpret 
spoken language through the senses of touch and 
vibration. 


THE TELETACTOR 


The apparatus known as the Gault-teletactor 
consists of a microphone, amplifier and receiver 
unit upon which the deaf person places his 
fingers in order to feel the vibrations of the 
speaker’s voice. We use various types of micro- 
phones, amplifiers and receivers in our labora- 
tories. The most satisfactory receiver unit so far 
used consists of a commercial “piano unit’’* 
mounted in an iron casting. The diaphragm post 
projecting through a small hole in the top of the 
casting, carries a small conical-shaped piece of 
aluminum through which the vibrations are 
transmitted to the deaf person’s fingers. 

The teletactor has been used! for three years 
in the Illinois State School for the Deaf in 
Jacksonville with remarkable success. Many 
controlled experiments, relating to the value of 
the teletactor in the education of the deaf, have 
been conducted in our laboratories and experi- 
mental school. The results will be briefly in- 
dicated. 

Deaf pupils feeling their teacher’s voice over 

* A piano-unit is a strong magnetic receiver unit manu- 


factured for use as a radio loudspeaker when attached to 
the sounding board of a piano. 
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the teletactor and simultaneously reading her 
lips, find their lip-reading ability increased (on 
an average) twenty percent.’ With the aid of 
these vibratory cues, they are able to locate 
the emphasized words and the pauses in speech 
more successfully”®; to perceive the inflections 
and the natural phrasing of spoken language'®; 
and to identify many homophenous words, i.e., 
words which look alike on the lips of a speaker. 
The teaching of speech to the deaf is greatly 
facilitated, because it develops in the child an 
interest in his voice; it helps the child to build a 
concept of sound, and of certain phonetic ele- 
ments in speech, such as the length of a vowel; 
it enables him to grasp the ‘‘pattern”’ or “‘flow”’ 
of spoken language and consequently to put 
more rhythm into his own speech; and it makes 
it possible for him to compare his speech with 
that of his teacher and thus to recognize his own 
particular difficulties. With training, deaf in- 
dividuals enjoy music and speech (particularly 
poetry) communicated to their finger-tips by 
means of the teletactor.5 A few cases are on 
record where totally deaf individuals have inter- 
preted speech by means of the senses of touch and 
vibration alone. 

With these encouraging results, we began a 
thorough investigation of the fundamental 
problems involved. They fall into three main 
divisions; first, the problem of transmitting the 
vibrations of spoken language to the finger-tip 
of the deaf observer; secondly, the capacity 
of the finger-tip to detect the various character- 
istics of sound such as pitch, intensity and 
timbre; and thirdly, the ability of the human 
being to discriminate subtle differences in vibra- 
tory patterns and to interpret these as meaning- 
ful symbols. Many data have already been 
accumulated, and will be discussed under these 
three headings. 

In our study of vibratory sensitivity and the 
tactual interpretation of speech and music, we 
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use many normally hearing individuals as ob- 
servers, especially when we wish to compare our 
data on touch and vibration with auditory phe- 
nomena. The problem of eliminating hearing 
completely has been a matter of concern to 
every experimenter in the laboratory. Experi- 
mental evidence® reported elsewhere demon- 
strates emphatically and unequivocally that 
subliminal auditory cues, either by direct 
hearing or by means of bone conduction to the 
auditory organs, are not operative in our experi- 
mental situation and that, therefore, our research 
in vibratory and tactual sensitivity is positively 
unaffected by the sense of hearing. 


THE PROBLEM OF TRANSMITTING VIBRATIONS TO 
THE FINGER-TIP 


The reader will probably recall numerous 
simple devices for transmitting the vibrations of 
a speaker’s voice to the finger-tips of an ob- 
server. However, our problem is not so simple. 
If the deaf person is to interpret these vibrations 
as speech symbols, then all parts of the sound 
spectrum necessary for the understanding of 
speech must be perceived by the finger-tip in 
their true relative intensities." In other words, 
the finger-tip must feel the vibrations just as the 
ear hears them. To make this posssible, the 
“over-all’’ response curve (i.e., combined re- 
sponse of microphone, amplifier and receiver) 
must rise as the frequency increases, instead of 
being straight as is desired in sound reproduction 
systems. This rise (40 or more db between 100 
and 4000 dv/sec.) is necessitated by the decline 
in the sensitiveness of the sense of touch as the 
frequency increases. 

The receiver unit must be one which is not 
seriously affected by the weight of the finger 
resting upon it.’ We use such a receiver unit but 
for laboratory experiments the pressure of the 
finger is further controlled by having the tele- 
tactor mounted on a sensitive balance. The finger 
is supported above the apparatus by a com- 
fortable arm and finger rest and the teletactor is 
held against the lower surface of the finger by 
the balance. In this manner, the pressure of the 
finger on the diaphragm of the teletactor is 
regulated by the weights in the opposite balance- 
pan. 
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THE CAPACITY OF THE FINGER-TIP TO RESPOND 
TO MECHANICAL VIBRATIONS 


One of the first considerations is the frequency 
range which can be detected by the finger-tip, 
Numerous attempts have been made to deter- 
mine the frequency limits of perceptible me- 
chanical vibrations by the sense of touch and 
almost as many figures, ranging from 528 to 2700 
dv, have been set by different experimenters as 
the upper limit. From a consideration of the 
physical fact that the energy required by any 
vibrating system increases as the square of the 
frequency, we readily see that the amplitude of 
the vibration must necessarily become exceed- 
ingly small as the higher frequencies are reached 
unless the activating power is greatly increased. 
Since this apparently has not been done, it would 
seem that the upper limits as set by the experi- 
menters cited above are not true thresholds— 
being functions of the intensity of stimulation 
rather than the actual upper frequency thresholds 
or limits of sensitivity. This supposition is sup- 
ported by experimental evidence'! from this 
laboratory in which observers have been able to 
feel vibrations as high as 8192 dv/sec., provided 
additional amplification were added for the 
higher frequencies. Consequently, we assume for 
the present that, within limits, the apparent 
upper threshold is a function of the intensity of 
stimulation. Hence the problem becomes the 
measurement of the sensitivity of the finger-tip 
to vibrations of different frequency levels. For 
our purposes we define ‘‘the sensitivity of touch” 
as the intensity level above the threshold of 
hearing to which the vibration of the teletactor 
has to be raised to be perceptible by touch. For 
example, the ear is held close to the teletactor 
and the threshold for hearing is determined. 
Then the finger is placed upon the teletactor 
(hearing being eliminated) and the threshold for 
touch is determined. The difference (in decibels) 
is our measurement of the sensitivity of touch. 

Intensity thresholds'! were determined for each 
of twenty observers at each of the following 
frequencies: 64, 128, 256, 1024, 2048, 4096 and 
8192 dv/sec. (see Table I). 

Let us consider next the sensitivity of various 
areas of the body to vibratory stimuli. Thresh- 
olds” were obtained for thirteen different areas 
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TABLE I. The sensitivity of the finger-tips. 








Difference between finger- 
Frequency tip and ear thresholds 
platen Oe EE SS 


(db) 
64 41 
128 53 
256 69 
512 89 
1024 102 
2048 115 

4096 105* 

8192 91* 








*Qnly 12 out of the 20 observers could detect these 
frequencies. 


TABLE II. The sensitivity of various areas of the body to 
vibratory stimuli in decibels below the sensitivity of the 
normal ear. 








Frequency Touch spots 
Area of body 94 256 1024 persq. cm 





1. Left index finger 40 67 95 100 
2. Right index finger 44 75 104 100 
3. Right index finger 

(wearing kid glove) 48 78 108 100 
4, Right index finger 

(using sharp point 

instead of large 


conical diaphragm) 44. 75 105 100 
5. Back of the right 

index finger 45 74 105 9 
6. Nail of the right 

index finger 43 70 92 
7. Tip of tongue 59 90 118 
8. Sole of foot 56 77 114 
9. Palm of right hand 54. 66 101 119 


10. Inside surface of right 


fore arm 5a 8 121 23 
11. Inside surface of right 

fore arm shaved 53 79 124 23 
12. Outside surface of right 

fore arm 49 76 114 
13. Outside surface of right 

fore arm shaved 52 83 119 





of the skin at 64, 256 and 1024 dv/sec. 
Table II gives these data based on two totally 
deaf and four normally hearing individuals. 

Probable errors have been computed and they 
all lie between +0.3 and +0.8. Consequently, a 
difference in sensitivity of five decibels or more 
may be considered statistically significant. 

It is interesting that the thresholds here ob- 
tained for the different frequencies are in fairly 
close agreement for those found in the previous 
and more intensive study" of the relative sen- 
sitivity of the finger-tip and ear, in which differ- 
ent apparatus and different observers were used. 


As to the relative efficiency of various areas of 
the skin in detecting and interpreting the dif- 
ferent elements of speech, a small amount of data 
is available." For this study two totally deaf 
individuals, two normally hearing persons who 
had had experience with the telectactor, and three 
naive hearing persons observed. Efficiency with 
the teletactor, using different areas of the skin, 
was measured for four different types of tasks, 
namely: the recognition of vowel sounds, the 
detection of emphasis in speech, the detection 
of the pauses in speech, and the learning of 
sentences by their vibratory pattern. 

In order to keep the stimuli constant, the 
above-mentioned materials were recorded on 
phonograph records which were used throughout 
the experiment. The area of the skin being used 
was changed every few minutes so as to equalize 
as much as possible the effects of practice, 
fatigue, etc., on the different areas being com- 
pared. The results are summarized in Table III. 

There seems to be little relation between a 
person’s sensitivity and his success with the 
teletactor. For example, Table III shows the 
back of the finger to be much inferior to the tip 
in the actual use of the teletactor, although 
Table II shows that the back of the finger is just 
about as sensitive as the tip. Further evidence 
pointing to the same conclusion may be found in 
Table IV _ giving our observers’ rank-order in 
sensitivity and actual success with the teletactor 
in the detection and interpretation of speech and 
music. 


TABLE III. The degree of efficiency in percentage for various 
areas of the skin in the detection and interpretation of 
different elements of speech by their vibratory pattern. 








Identifi- 
cation of Detec- Detec- Recogni- 
5 vowel tion of tionof tion of 
Area used sounds pauses accent sentence 





Right index finger 72 80 84 58 
Right index finger 
(using point instead 


of large diaphragm) 61 82 72 51 
Left index finger 76 88 87 63 
Palm of right hand 55 86 84 43 
Right index finger 

(gloved) 50 79 57 

Back of right index 

finger 60 81 72 

Nail of right index 

finger 70 85 87 
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TABLE IV. Sensitivity and discriminatory capacity of seven 














observers. 
Rank in 
Rank in discriminatory 

Observer sensitivity capacity 
A 7 6 
B 5 5 
& 6 3 
D 2 7 
E 4 2 
F 1 I 
G 3 1 








This apparent lack of relationship between 
sensitivity and success with the teletactor is 
probably due to differences in intelligence, in- 
terest in the experiment and personality factors, 
although all observers were of the college level 
in intelligence and all had volunteered their 
services, thus indicating some degree of interest 
in the experiment. 

As to the ability of a person to discriminate 
small differences in pitch by touch, Dunlap,? 
Thiel, Kamie, Knudsen'® and Roberts!*® have 
contributed data. The latter experimenter, who 
made probably the most thorough investigation, 
found that trained observers could differentiate 
by touch two tones differing in frequency, pro- 
vided the differences in frequency were at least 
23 percent of the standard. 

As to the ability of the finger-tip to detect 
small differences in intensity, we find its 
capacity comparable to the normal ear.'® This 
result has been verified various times both in 
these and other laboratories. 

We may summarize our analysis of the ca- 
pacities of the sense of touch by saying that 
laboratory experiments indicate that it can 
detect all of the important physical charac- 
teristics of speech. 


The finger tip can detect vibrations as high as 8000 
dv/sec. (Goodfellow)." 

It can detect intensity differences comparable to the 
ability of the normal ear (Knudsen).!® 

It can differentiate two pitches when the frequencies 
concerned differ by as little as two and one-half percent 
(Roberts).!9 

It can detect difference-tones and beats (Dunlap).? 

It can detect the individual tones in a chord and can 
differentiate consonance and dissonance (Goodfellow). 

It is much less sensitive (depending on the pitch) than 
the normal ear. However, this is a deficiency which can be 
overcome by suitable apparatus such as the Gault-tele- 
tactor (Goodfellow—Krause).¥ 


We have collected much data on the capac. 
ities of the finger-tip to respond to vibratory 
stimuli. At the same time we are quite uncertain 
which sense organs we are studying. There are 
half a dozen different sense organs which may be 
involved but they may be considered here under 
two groups, namely, those in the skin which are 
responsible for sensations of touch, and those in 
the deeper tissues which are responsible for sensa- 
tions of vibration. The sense of touch is fatigued 
much more readily than the vibratory sense!’ 
and adaptation to a stimulus takes place more 
rapidly. Touch is slower than vibratory sen- 
sibility in responding to stimuli!’ but it recovers 
more rapidly. Tactile and vibratory nerve im- 
pulses are carried to the brain over different 
nerves. These differences make it imperative 
that we determine exactly the sense organs 
involved in our work with the deaf, in order that 
the teletactor may be re-designed to suit more 
specifically the receiving sense organs. 

Such a project has been under way for over a 
year. The following findings'® suggest that 
vibratory sensitivity is probably more impor- 
tant than tactual sensitivity in the use of the 
teletactor for the interpretation of speech: 


(a) The tongue, which is presumedly quite sensitive to 
touch but not to vibrations, is not very sensitive to vibra- 
tory stimuli from the teletactor. 

(b) The finger nail which we would expect to find rela- 
tively more sensitive to vibratory stimuli than to tactual is 
quite sensitive to the teletactor. The inference is that the 
vibratory sense and not touch is responsible for the greater 
sensitivity of the nail to the teletactor. 

(c) Sensitivity is not markedly decreased by the wearing 
of a kid glove. The opposite is obviously true for the sense 
of touch. : 

(d) The back of the finger which contains many times 
less touch spots than the palmar surface is no less sensitive 
to the teletactor. This lack of correlation between sensitiv- 
ity and the distribution of touch spots suggests the pre- 
dominant réle of the vibratory sense. 

(e) The sensitivity is not changed by the use of a point 
instead of the diaphragm stimulating several square 
centimeters of skin. 

(f) The sole of the foot is less sensitive than the palm of 
the hand. We would expect this result if vibratory stimuli 
played the dominant réle, since previous experimenters 
have found the lower extremities less sensitive than the 
upper extremities to vibratory stimuli. 


We have tried to separate the two forms of 


sensitivity by anaesthetizing the skin, thus 
destroying sensitivity to touch without affecting 


th 
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the vibratory sense. This affects sensitivity to 
the teletactor only slightly. We cannot infer 
from this that the vibratory sense is entirely 
responsible for sensations from the teletactor 
since it is possible that vibrations were conducted 
through the tissues to an unanaesthetized area 
of the skin. 

The reverse process (i.e., eliminating the 
vibratory sense while touch remains normal) 
has been tried with cases of tabes dorsalis and 
pernicious anemia in which diseases there is a 
degeneration of the posterior funiculus of the 
spinal chord, which prevents vibratory impulses 
from reaching the brain, while tactual impulses 
are unaffected. Up to the present time, our results 
on this phase of the problem have been negative 
and the relative r6le of vibratory and tactual 
sensitivity in the use of the Gault-telectactor is 
still a vital problem. 


Tue ABILITY OF HUMAN BEINGs TO INTERPRET 
COMPLEX VIBRATORY PATTERNS 


The ultimate success of the teletactor as a sole 
means of communication depends on the ability 
of the individual to interpret complex vibratory 
patterns. The deaf person has to learn the mean- 
ing of each vibratory disturbance that he feels 
just as the normally hearing person has to learn 
to attach meaning to the vibratory disturbances 
at his ear-drum. This feat has been accomplished 
by several of our deaf observers but we believe 
that the task is too difficult at the present time 
for the majority of deaf individuals. On the 
other hand, our research results indicate that the 
task may be made much simpler by revising the 
teletactor amplifier as suggested above. 

From the evidence cited, one would infer that 
quality differences would be readily perceptible 
to the finger-tip. The task is not simple and a 
great deal more research is needed. However, 
three experiments done in this laboratory during 
the past year suggest that individuals can inter- 
pret complex vibratory patterns. 

The first is an experiment in which a long 
series of four different musical intervals was 
presented to observers both auditorially and 
tactually. The results showed considerable cor- 
relation (0.53+0.11) between a person’s ability 
to identify intervals by hearing and his ability 
to identify them by touch. Furthermore, training 


in recognition of intervals by ear caused con- 
siderable improvement in the ability to recognize 
the same intervals by touch. In short, our ob- 
servers soon learned to recognize a musical 
interval by touch. 

The second experiment™ is one in which two 
deaf and two normally hearing persons who had 
had no previous experience with the teletactor 
were given three half-hour periods of training in 
identifying five vowel and diphthong sounds by 
touch. Then they were tested on the sounds and 
the results are shown in Table V. 

The data in the table show, for example, that 
when ‘A’ was spoken, the observers inter- 
preted it an “A” 70 percent of the time. 12 
percent of the time it was interpreted as “E” 
and 6 percent of the time as “I,” “O,” and “U.” 

The sounds were produced from a victrola 
record made from the speech of an instructor in 
the School of Speech. The average value of the 
electrical energy going into the teletactor was 
measured for each sound and is given in Table V. 
It is clear from the data in Table V that our 
observers did not differentiate these vibratory 
patterns on a basis of differences in intensity as 
is frequently suggested by our critics. “A” and 
“E,” it will be observed, were the most fre- 
quently confused, yet they differed widely in 
intensity in this particular experiment. On the 
other hand, “U” and “I” are frequently con- 
fused, yet their respective intensities are of a 
similar magnitude. It must be pointed out that 
these simple experiments by no means prove 
that our observers detect quality differences but 
until further research is done we consider it quite 
likely that such is the case. The experiment is 
being repeated more carefully, using all the 
vowel sounds between the letters ‘‘b’’ and ‘“‘t”’ 
(e.g., boot, boat, but, bit, bite, but, etc.). 


TABLE V. The recognition of speech sounds by touch (based on 
500 observaticns by 2 deaf and 2 hearing persons after 
three half-hour periods of training). 











Observer’s response 





Sound in percent Energy in 
pronounced A &Bies Uv milliwatts 
A 70 12 6 6 6 0.27 
E 12 4m F &§ 0.08 
I 6137 4 § 0.17 
O 11 8 6 6 8 0.46 
U 7'o$ S&S tw 0.12 
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Although these results are not ready for pub- 
lication, they seem in general to verify those of 
the earlier experiment. 

The third experiment? on the interpretation of 
vibratory patterns is one in which observers 
were trained to recognize sentences as they were 
felt over the teletactor. The experimenter had 
before him a list of forty sentences of twelve 
syllables each. The observer had before him the 
same list except that the even-numbered sen- 
tences had been replaced by meaningless symbols. 
The experimenter would give the signal ‘‘one”’ 
and read sentence number one several times. The 
observer, of course, would know exactly what 
was being read. At the signal ‘‘two”’ the experi- 
menter would read sentence number two. This 
time, however, the observer would have only the 
irrelevant symbols to associate with the vibra- 
tory patterns of sentence number two. After an 
extended period of training, the observers were 
tested on their ability to identify each vibratory 
pattern by naming the number of the corre- 


sponding sentence or irrelevant symbols. In al 
cases, our observers learned to identify vibratory 
patterns when they were represented by these 
meaningless symbols just as readily as when they 
were represented by the actual sentences. In 
brief, learning was necessary and then inter- 
pretation was possible. 

We frequently experience in our laboratory 
what we call “‘illusions of hearing.’’® Often our 
hearing observers, after they have worked awhile 
on an experiment will say: “I believe I hear 
something.’’ Since we have been able to find 
no evidence of hearing, we believe that our ob- 
servers learn to identify vibratory patterns by 
touch and interpret these as auditory sensations, 

All of these data indicate a very close rela- 
tionship between the primitive sense of touch, 
the intermediate vibratory sense and the highly 
developed sense of hearing. The development of 
this thesis will be found in Professor Gault'’s 
paper*® which was read before the same conven- 
tion and is published in this journal. 
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Note on Reverberation Characteristics 


MICHAEL RETTINGER, Graduate Student at the University of California at Los Angeles 
(Received February 24, 1934) 


ERN O. KNUDSEN! lists four possible cri- 

teria for the determination of the most 
favorable reverberation characteristic for speech 
or music rooms. They are: 


(1) The reverberation time should be constant for all 
frequencies. 

(2) The reverberation characteristic should be the con- 
ventional composite made up of the absorption character- 
istic of the audience and the interior surfaces of the room. 

(3) The reverberation characteristic should be based 
upon the frequency distribution of sound energy in music 
in such a manner that all components of speech or music, 
on the average, will die away to inaudibility in the same 
length of time—a criterion recommended by Vern O. 
Knudsen. 

(4) The reverberation characteristic should be based 
upon the physiological relation between loudness, intensity 
and frequency, so that the rate of growth or decay of 
loudness will be the same for all frequency components—a 
criterion proposed by W. A. MacNair. 


It is for the sake of completeness rather than 
to cast a shadow of doubt upon the validity of 
two such plausible criteria as numbers three and 
four, for example, that this author suggests a 
fifth criterion for a reverberation characteristic. 
It is 

{[AJ/J1;—LAS/J Jeo} /t=constant, (A) 


where the numerator of the left-hand term 
represents, for a given frequency, and between 
certain sensation levels, the increase in the 
smallest fractional change of intensity that the 
normal ear can detect, and where ¢ is the real 
time of reverberation. The increase is to be taken 
between the speech level (or the average level 
above threshold, in the case of music) and the 
sound-level of five decibels (it is not necessary 
to take a lower limit than this, as certainly the 
noise level in almost any room is that high: 
a lower limit also makes for too long a reverbera- 
tion time in the case of the very low and very 
high frequencies if Eq. (A) is used). Fig. 1, 


1Vern O. Knudsen, Architectural Acoustics, page 406, 
John Wiley and Sons, 1932. 


taken from H. Fletcher’s book,? shows the in- 
tensity sensibility of the ear for different fre- 
quencies. 

A sixth criterion could be proposed if enough 
data for the frequency sensibility of the human 
ear were available. However, H. Fletcher*® says 
that from what information exists indications 
are that AF/F becomes larger in about the 
same way as AJ/J becomes larger as the sensa- 
tion level becomes lower. If that is true, so that 


{(AF/F),;—(AF/F)}/t=constant,  (B) 


it may be that the curve based on Eq. (A) and 
the curve based on Eq. (B) have similar shapes, 
although it could hardly be expected that they 
would coincide. 


PHYSICAL SIGNIFICANCE OF THE EQUATIONS 


The significance of Eq. (B) may, perhaps, best 
be illustrated by an example. Assume two syl- 
lables each of which is made up of two phoneti- 
cally distinct parts whose fundamental frequencies 
differ by only a few percent. Call one syllable 
A, the other B. The frequencies of syllable A 
are of very low nature; those of syllable B 
hover around 1000 cycles per second. Moreover, 
assume there is no variation of reverberation 
with frequency, so that it will take syllable A the 
same time to reach the sensation level of 5 db as it 
takes syllable B. From Fig. 1 (we assume here 
that the curve of the frequency sensibility of the 
ear is the same as the curve for the intensity 
sensibility, as H. Fletcher suggests) it is seen 
that, when the sensation level of 5 db has 
been reached, the differential sensitivity quo- 
tient for the low frequencies has increased 
greatly, while the differential sensitivity quo- 
tient of the thousand cycle frequencies has in- 
creased by only one unit. This means that the 


2 H. Fletcher, Speech and Hearing, D. Van Nostrand Co., 
1929. 
3H. Fletcher, reference 1, page 152. 
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Fic. 1. Curve showing the intensity sensibility of the 
ear. The smallest fractional change of intensity which can 
be detected, AJ/J, is plotted as a function of the frequency. 


frequencies of syllable A are less easily differen- 
tiated at the 5 db level than are the frequencies 
of syllable B. If now we introduce selective 
absorption so that the lower frequencies which 
comprise syllable A do not reach the level of 
5 db so soon, that is, if we introduce a relatively 
long reverberation time for the low frequencies so 
that their loudness is preserved longer, we can 
distinguish the two phonetically distinct parts 
of syllable A longer, and thereby make for a 
better understanding of the syllable A. The time 
of reverberation that each frequency should 
have is given by Eq. (B). It is seen that the 
frequencies around 2048 cycles per second should 
have the shortest time of reverberation. Indeed, 
for each frequency the distance between the two 
sensibility curves, if this distance is divided 
by the real time of reverberation, should equal 
a constant. This criterion is good for both 
speech and music rooms—with this difference. 
While for music rooms the distance between the 
curves should be the difference between the 5 db 
curve and the 60 db curve, for speech rooms 
this distance should be that between the 5 db 


RETTINGER 








Reverberation Characteristics 


* s<7= Vern O. Knudsen 


Reverberation (Seconds) 





64 128 256 512 1024. 2048 4096 8192 
Frequency 


Fic. 2. 


and the 50 db curve (not shown in the figure): 
this is because the average sensation level for 
speech is less than it is for music. 

A similar argument holds true for Eq. (A), 
in the case of the intensity sensibility. 

In Fig. 2 is shown the reverberation character- 
istic based on Eq. (A) when the room has an 
optimal time of reverberation of 1.3 seconds at 
512 cycles. For the sake of comparison the curves 
based upon the criteria numbers three and four 
are likewise drawn in; they refer, of course, to the 
same room. Of the two curves by Knudsen, the 
dotted line pertains to music rooms; the one 
made of dashes, to speech rooms. It is difficult to 
say which of the curves the solid one approaches 
more closely. While up to 512 cycles it resembles 
perhaps the dotted line by Knudsen more than it 
does the curve by MacNair, from 2048 cycles 
on it comes closer to the latter than to the former. 
(The solid line is intended for music, the average 
maximal sensation-level having been taken as 
60 db.) 

The author takes this opportunity to express 
his appreciation to Dr. Vern O. Knudsen under 
whose direction he has derived much of value. 
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Acoustical Society News 


The eleventh meeting of the Acoustical Society 
was held in New York, April 30—-May 1, at the 
Bell Laboratories with an attendance of about 
900. An interesting program of sixteen papers, 
printed elsewhere in this issue of the Journal, 
was prepared by Mr. H. A. Frederick, Chairman 
of the Committee of Arrangements for the 
meeting. The demonstration lecture on Super- 
sonic Phenomena given Monday evening by 
Professor G. W. Pierce of Harvard University 
was illustrated by ingenious and _ surprising 
experiments in this new domain of physics. The 
newly elected officers are as follows: President, 
V. O. Knudsen; Vice-President, R. F. Norris; 
Secretary, Wallace Waterfall; Treasurer, G. T. 
Stanton; Editor, F. R. Watson; Councillors to 
succeed P. E. Sabine and E. W. Kellogg are 
Irving Wolff and J. S. Parkinson. Future meet- 
ings of the Society are planned for the Christmas 
holidays, December 28 and 29, 1934, at Pitts- 
burgh, in connection with the American Physical 
Society and the A. A. A. S.; in May, 1935, in 
New York; in November, 1935, at Harvard 
University. 


The deaths of two fellows of the Society are 
noted: Major W. J. Hammer, New York City, on 
March 24, and Dr. C. A. Andree, University of 
Wisconsin, Madison, Wisconsin on March 16. 


The drive for new members has resulted in 
twenty-six additions to the present list, with 
more in prospect. Members and fellows are 
urged to continue activities in this connection. 
Notify the Secretary about prospective members. 


Books Received 


Principles of Radio. KEITH HENNEY, Associate 
Editor, Electronics. Pp. 491, Second edition, 
1934, John Wiley & Sons, Price $3.50. 
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Elements of Radio. JoHN H. Morecrort. 
Pp. 286, Second edition, 1934, John Wiley & 
Sons. Price $3. 

Applied Acoustics. HARRY F. OLSON AND FRANK 
Massa. Pp. 444, Figs. 228, P. Blakiston’s Son 
and Company, Philadelphia, 1934. Price $4.50. 


Book Review 


Practical Acoustics for the Constructor. C. W. 
GLovER. (Lecturer on Acoustics, Regent Street 
Polytechnic, London.) Pp. 468+xi, Chapman & 
Hall, London. Price 25s. 

The book gives a very complete compilation of 
information about acoustics of buildings; and 
might be considered semi-encyclopaedic in this 
respect. The discussions include not only the 
results of the author’s experiments but also the 
important data and conclusions obtained by 
other investigators, the whole work showing 
evidence of an original rewriting on the part of 
the author. 

The material is divided into 21 chapters and 4 
appendices. The first five chapters deal with the 
general phenomena of sound, while later chapters 
are concerned with practical applications of 
absorption of sound, insulation, vibration, noise, 
etc. For teaching purposes and as exercises for 
students, each chapter includes a list of problems, 
both descriptive and numerical. Appendix I gives 
approximately 5000 references for published 
articles. Appendix III lists 702 acoustical 
products and their absorbing coefficients. Various 
products used in England appear in this list. 
Appendix IV includes photographs and statistical 
information about 45 acoustical materials, 
particularly those used in England. 

The figures in the text (191 in number) merit 
special notice because the extensive labels make 
many of them almost self-explanatory without 
further description. Important conclusions are 
printed in heavy type. 

The book may be regarded as a real contribu- 
tion to the science of acoustics of buildings, and, 
as the title indicates, it gives practical informa- 
tion for the constructor. 


F. R. WatTSON 
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Program of the Eleventh Meeting 
of the 


Acoustical Society of America 


AprIL 30-—May 1, 1934 


BELL TELEPHONE LABORATORIES, New York, New York 


Monpay, APRIL 30, 1934, 9:30 a.m. 


1. An Acoustic Spectrometer. C. N. Hickman, Bell 
Telephone Laboratories. 

A series of reeds tuned to frequencies of from 50 to 3200 
cycles per second are mounted so that they may be electro- 
magnetically driven. Each reed carries a small concave 
mirror with which light from an illuminated slit is brought 
to a focus on a screen. These slit images are lined up in the 
order of the reed frequencies. 

When a current having a complex wave, such as the 
speech current from a microphone, is passed through the 
electromagnet; the reeds and in consequence the slit images 
on the screen will oscillate. The driving system and the 
reeds are so designed that the amplitude of oscillation of 
each image is proportional to the strength of the corre- 
sponding harmonic component in the driving current. 
Therefore, by observing or photographing the slit image 
amplitudes, the frequencies and the relative energy content 
of the components of a complex current may be determined. 

The instrument described, which was built for demon- 
stration purposes, covers only a small frequency range (50 
to 3200 cycles). The method is applicable to lower and 
higher frequencies. 


2. Recording Instruments for Frequency and Intensity. 
FREDERICK V. Hunt, Harvard University. 

An inexpensive recorder which employs a spark to punc- 
ture a moving strip of chart paper has been constructed. 
One of the sparking electrodes is a light pointer attached 
to a short-period D’Arsonval galvanometer element. The 
other is a curved metal guide which bends the chart paper 
to the arc described by the tip of the pointer. In conjunction 
with the logarithmic vacuum-tube voltmeter already de- 
scribed (Rev. Sci. Inst. 4, 672, 1933) this instrument com- 
prises a level recorder having a uniform decibel scale 
(60 db) and capable of following sound decay curves as 
steep as 150 db/sec. 

A new electronic frequency meter has been developed 
which is capable of following rapid variations of frequency. 
This device employs gas-filled discharge tubes and yields an 
output that is strictly linear with frequency from zero to 
8000 cycles and independent of the input intensity over a 
range of at least 35 db. The instrument is flexible and any 
portion of the frequency range may be fitted to the indicat- 
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ing instrument permitting high sensitivity to small fre- 
quency changes. In combination with the spark recorder, 
or any other type of recorder, this instrument places the 
delineation of time variations of frequency on an equal 
footing with time variations of intensity. For example, the 
melodic curves or intonation of speech and music, vibrato, 
and attack may be recorded directly. 


3. Acoustics of the Rooms at the Bureau of Standards. 
V. L. Curiscer, Bureau of Standards, Washington, D. C. 

A study has been made of the acoustical treatment in 
two rooms of the same shape and volume. In one room the 
material was applied only on the ceiling. In the other room 
the total amount of absorption applied was smaller but the 
material was distributed over the upper part of the walls 
as well as on the ceiling. Owing to the distribution of the 
acoustical material, this room is acoustically the better of 
the two, although as usually computed, the total absorp- 
tion was not as great as in the other room. 

A third room which is used as a cafeteria was also studied. 
In this room about twice the customary amount of material 
was installed. Curves are given showing the variation in 
noise level with the number of people present, both before 
and after treatment. 


4. Report of Committee on Sound-Absorption Measure- 
ments. F. R. Watson, University of Illinois. 

The Acoustical Society Committee on Sound Absorption 
presents a report for the information of the members of the 
Society. After preliminary experiments on a variety of 
materials, using different methods, a plan was evolved by 
which each of the various laboratories would be furnished 
a sample of the same material, with the expectation that the 
results obtained would be more strictly comparable than 
the data for different samples. The Celotex Company 
volunteered to make up a special run of BBB Celotex and 
furnish it gratis to the laboratories. The results of this ex- 
periment are shown (lantern slides) and exhibit a wide 
variation in the values of the coefficients. The reverbera- 
tion method was used in all the tests, but there was con- 
siderable difference in the electrical instruments used. One 
chief reason for the variation in results was found in effect 
of area of material used; for instance for the frequency of 


“cers 


500. 
of 1 


rd 


but 
guic 


G. 


SH 


ins 
thr 
for 


gr 
its 


Be 


th 
to 
tr 
pe 


so 






















VI 


re- 
or 
he 


ial 





~ 


ELEVENTH MEETING OF THE 
500 cycles per second, 12 sq. ft. of material gave a coefficient 
of 1.55, where 192 sq. ft. gave 0.44. 

No standard method is approved at the present time, 
but certain recommendations have been adopted for 
guidance in absorption tests. In the meantime, several 
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different methods are being investigated, with the expecta- 
tion that a solution of the present difficulties will be found. 


5. A Discussion of Sound Absorption Coefficients. 
R. F. Norris, C. F. Burgess Laboratories, Inc. 


Monpbay, Aprit 30, 1934, 2:00 p.m. 


6. Some Improvements in the Design of Bell Towers. 
G. M. GIANNINI, Curtis Institute of Music. 


7. The Timbre of Orchestral Instruments. C. E. Sea- 
SHORE AND DONALD ROTHSCHILD, University of Iowa. 

Harmonic analysis has been made of ten representative 
instruments with two variables: (1) a sampling of pitch 
throughout the normal register of the instrument, and (2), 
for each tone, a loud and a soft rendition. The results give a 
graphic picture of the characteristics of each instrument and 
its range of variability dependent on pitch and intensity. 


8. Certain Anomalies in the Theory of Air Column 
Behavior in Orchestral Wind Instruments. JoHN REDFIELD. 

Assuming the clarinet to be closed at its mouthpiece end, 
theory requires that only odd partials enter the composite 
tone produced, while analysis of the tone produced shows 
traces of all even partials, and Miller finds the twelfth 
partial the most intense of all. On the other hand, to explain 
the complete series of partials produced by the oboe, bas- 
soon, saxophone, and brass instruments, it is assumed that 
these instruments are open ai their mouthpieces, although 
these mouthpieces differ in no qualitative respect from the 
clarinet mouthpiece which is assumed to be closed. 

These contradictions disappear, and the observed facts 
are explained, by recognizing the fact that no orchestral 
wind instrument is closed at its mouthpiece end, a closed 
end being necessarily defined as one which prevents the 
escape of air. All orchestral wind instruments are thus 


doubly open tubes producing the full series of partials, the 
relative intensities of the several partials being determined 
by the contour of the air-column walls in the several in- 
struments. Thus the lower even partials are relatively 
weaker than the higher in the clarinet, while the lower and 
higher even partials of the French horn do not vary ma- 
terially in intensity. 


9. Design Considerations for a Simple and Versatile 
Electronic Musical Instrument. B. F. MIEsSNER, Miessner 
Inventions, Inc., Milburn, N. J. 

Instrumentalities for making music depend for their 
appeal mainly on the range of pitch, timbre, power, and 
complexity they provide. Musically the most desirable 
single instrument is one which gives the most versatile 
performance, without undue complication of playing tech- 
nique. 

A consideration of existing instruments leads to the con- 
clusion that the application of modern electro-acoustic, 
instead of the old mechanico-acoustic operating principles, 
permits not only of a great extension of these musically 
desirable characteristics, but also a far greater flexibility 
in design, and a lowering of bulk, weight, and cost. 

The many principles available for electro-acoustic design 
are discussed and lead to the struck string as the best 
compromise as a source of vibratory energy. 

Methods for providing a wide range of tonal character 
and performance are described, and an instrument embody- 
ing these methods will be demonstrated, both for separate 
effects, and in a recital of musical compositions. 


Monpay, Apri 30, 1934, 8:00 p.m. 


10. A Demonstration-Lecture on Supersonic Phenomena. G. W. Pierce, Harvard University. 


TueEspAy, May 1, 1934, 9:30 a.m. 


11. The Interpretation of Sound Measurements Used 
as a Tool in Machinery Noise Reduction. E. J. Assorrt, 
University of Michigan. 

The recent reports of standardization committees on 
acoustical measurements and terminology will be of very 





great value in eliminating confusion which has existed on 
account of differences in the use of terms, in different refer- 
ence levels, equal loudness contours, etc. This work is highly 
commended. Unfortunately, however, these standardiza- 
tions, valuable as they are, do not eliminate all the confu- 
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sion which exists; not only with workers in acoustics but 
more especially with engineers and executives whose 
primary interest is not acoustics but who are vitally in- 
terested in noise reduction and similar problems. It also 
appears that this confusion is hardly a matter which can be 
cleared away by committee action but which must be 
worked out in practical application. 

At present there are at least seven scales used for indi- 
cating the magnitude of a sound, namely: sound pressure, 
sound pressure level, above threshold level (sensation 
level), intensity, intensity level, loudness level, and loud- 
ness. All of these scales are recognized by standardization 
and there seem to be definite reasons why each of these 
scales is valuable in practice. However, since four of them 
are expressed in decibels and often without further identi- 
fication, great confusion results, particularly among 
engineers and others who are interested in noise, but who 
are not primarily acousticians. 

This paper states the advantages and disadvantages of 
these various scales, together with suitable illustrations 
drawn from practice of the difficulties which arise in putting 
these scales to practical use in machinery noise reduction 
problems. 


12. Normal Variations in Auditory Acuity. E. M. 
JosEpHson, M.D., AND SAMUEL HArRELIcK, New York City. 

Normal variations in auditory acuity are an important 
factor in all studies of sound and hearing. In the presence 
of a normal sound-conductive mechanism, these variations 
originate either in the cerebral processes involved in hear- 
ing, or in the end-organ of hearing, the cochlear mechanism. 

Variations in auditory acuity of central origin, such as 
variations due to the state of attention of variations in the 
sleeping state, have not been thoroughly studied. They pri- 
marily involve the perception of sound. Disease of the per- 
ceptive mechanism of hearing, as in the presence of brain 
tumor or meningitis, gives rise to ‘central’ deafness. 
Though little attention has been directed by modern 
otology to the differentiation of ‘‘central’’ deafness and 
deafness due to disease changes in the inner ear, there are 
a number of signs available for this differentiation. 

Variations in auditory acuity of peripheral origin may 
be caused by many factors, such as barometric pressure, 
general bodily and circulatory tone and others; but the 
most interesting is the variation due to continued stimula- 
tion of the ear with sound. Whereas the mental processes 
involved in hearing perception show fatigue, as manifested 
by the determination by many observers of an increased 
differential of intensity, the end-organs of the normal ear 
do not fatigue on prolonged stimulation with moderate 
intensities of a frequency. On the contrary, prolonged 
stimulation of the ear with a moderate intensity of a 
frequency increases auditory acuity for that frequency, as 
is manifested by a drop in the threshold of intensity for 
that frequency by as much as 10 to 20 dbs. 

These variations in auditory acuity are of high signifi- 
cance in the differentiation between deafness of peripheral 
and central deafness, which is thus for the first time made 
possible. For in the presence of peripheral deafness of the 
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progressive type, the hearing shows marked fatigue on 
prolonged stimulation and a rise in threshold, as contrasted 
with the drop in threshold in the normal ear. In cases 
afflicted with central deafness there is found frequently a 
normal response of the ear to prolonged stimulation, 
pointing to normality of the ear and the end-organ and the 
central nervous nature of the disease process. The ex. 
perience of one of us (Dr. Josephson) stresses the importance 
of this differentiation in cases of deafness; for he has found 
about 20 per cent of the cases referred to him with diagnosis 
by competent otologists of progressive deafness to be 
deafness symptomatic of tumor or disease of the brain. 


13. Loudness and Pitch of Musical Tones and Their 
Relation to this Intensity and Frequency. H. FLETCuer, 
Bell Telephone Laboratories. 

Loudness and pitch are psychological terms which are 
used to describe sensations produced when certain types of 
waves operate upon the hearing mechanism. Intensity and 
frequency are the corresponding terms to describe the 
physical quantities power transferred per unit area and 
vibrations per second executed by the sound wave. The 
relation between these psychological and physical aspects 
of a musical tone has been investigated using a group of 
typical listeners. 

Precise scales were invented and used for representing the 
sensations of loudness and pitch. In comparing loudness a 
pure tone having a frequency of 1000 cycles per second and 
with intensity variable throughout the audible range is 
used as a reference tone. In comparing pitch, a pure tone 
having a constant loudness and with frequency variable 
throughout the audible range is used as a reference tone. 

The intensity of a complex tone with ten components all 
equal in intensity but different in frequency is ten times 
that of each component, as is well known. On the other 
hand, the loudness of one such complex tone with fre- 
quencies which are harmonics of 500 cycles per second was 
found to be equal to that of the 1000 cycle component 
raised one thousand times rather than ten times in intensity. 

An observer’s location of the pitch was found to depend 
upon the intensity as well as the frequency. For example, the 
pitch of a 200 cycle tone was located at a position which 
was as much as one-quarter of an octave lower at the very 
high intensities than at the low intensities. For pure tones 
having frequencies near 2000 or 3000 cycles per second, no 
difference of pitch was observed as the intensity was 
changed. 

Similar small pitch changes were observed with complex 
tones. Some very large changes were observed with par- 
ticular changes in the components. For example, the pitch 
of a complex tone having four components of equal inten- 
sity, but with frequencies of 400, 600, 800, and 1000 cycles 
per second, was perceived as that corresponding to a 200 
cycle tone. If to this complex tone, three additional com- 
ponents having frequencies of 500, 700 and 900 cycles per 
second, are added, then the pitch will be perceived as an 
octave lower or that corresponding to a 100 cycle tone. 

An experimental demonstration will be given. 
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TueEspay, May 1, 1934, 2:00 p.m. 


14. An Application of the Doppler Effect to Avigation. 
L. P. Detsasso, University of California at Los Angeles. 

A short pulse of sound of frequency n, emitted from a 
ship moving with velocity v and making an angle @ with 
a reflecting surface is shown to be received at the ship as 
an echo of frequency 

p?—cos? a+sin a(p*—cos? a)! 


nR=Ns", ; : ; ; 
p* —cos? a—sin a(p?—cos? a)} 





where p is the ratio of the velocity of sound to that of the 
ship. An experimental check was obtained from observa- 
tions made in an airship, by recording on an oscillograph 
samples of the transmitted sound and its echo. The agree- 
ment with the theory is within the experimental error. 


15. Extraneous Frequencies Generated in Air Carrying 
Intense Sound Waves. A. L. Tuuras, R. T. JENKINS AND 
H. T. O’NEw, Bell Telephone Laboratories. 

In high quality reproduction of sound the trend toward 
large power output necessitates a consideration of the more 
exact equations of wave propagation in air. If the displace- 
ment amplitude of a plane sound wave is not small the 
equation representing the propagation is not linear, and 


consequently harmonics and combination tones are gen- 
erated. The pressure of these extraneous frequencies in 
terms of the fundamental pressure, frequency, and distance 
from the source has been mathematically determined by 
Earnshaw, Rayleigh and others. Rocard has recently ap- 
plied the equation to exponential horns. 

Measurements of the second harmonic and combination 
tones have been made at various points within a long tube, 
and in front of an exponential horn. Measurements, in 
general, agree with theory, but the absolute values are 3 to 
4 db lower than the calculated values. An experimental 
demonstration will be given. 


16. Some Applications of Modern Acoustic Apparatus. 
S. K. WoLF AnD W. J. Sette, Electrical Research Prod- 
ucts, Inc. 

Applications of the high speed level recorder, the crystal 
harmonic analyzer, and the Reed frequency analyzer, all 
recently developed at the Bell Telephone Laboratories, are 
described. These include reverberation measurements, 
loudspeaker response measurements, noise analyses, piano 
tone analyses, and studies on the singing voice. Examples 
of the data obtained in each instance are given and dis- 
cussed. 








